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SECTION  1 


INTRODUCTION 


This  document  constitutes  the  final  report  prepared  by 
SIGNATRON,  Inc.,  Lexington,  Massachusetts,  for  the  Air  Force 
Avionics  Laboratory,  Wright-Patterson  Air  Force  Bas^,  Ohio, 
under  Contract  F33615-74-C-4065,  entitled  Optimum  Simulation 
Techniques  for  Communication  System  Design. 

1 . 1 Objectives  of  the  Program 

The  Air  Force  Avionics  Laboratory  has  developed  the  Com- 
munication Systems  Evaluation  Laboratory  (CSEL)  to  investigate 
and  analyze,  through  simulation,  a variety  of  communication 
problems.  The  laboratory  utilizes  three  solutions  to  the  prob- 
lems : 

(1)  building  and  testing  special  purpose  hardware; 

(2)  developing  computer  software  programs  to  simulate 
the  problems  on  a digital,  analog,  or  hybrid  com- 
puter? or 

(3)  developing  some  combination  of  the  two  methods. 

In  addition  to  the  above,  over-the-air  tests  can  be  performed 
using  CSEL's  rooftop  facility. 

The  objective  of  the  present  program  was  to  perform  a study 
of  simulation  techniques  for  anti-jam  communications  systems 
design  and  evaluation,  and  pr  -vide  recommendations  which  utilize 
the  capabilities  of  CSEL  in  testing  these  systems.  The  emphasis 
in  the  study  was  placed  on  two  satellite  systems:  The  Lincoln 

Experimental  Satellites  8 and  9 (LES  8/9)  and  the  NAVSTAR  Global 
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Positioning  System  (GPS).  The  LES  8/9  effort  included  studies 
of  hard  and  soft  limiting,  repeater  jamming,  simulation  hardware/ 
software  validation  experiments,  and  Doppler  simulation.  The 
GPS  effort  was  limited  to  a study  of  the  requirements  for  GPS 
simulation,  and  the  interfacing  of  the  GPS  simulator  with  the 
proposed  AFAL  Generalized  Development  Model  (GDM)  system.  In 
addition  to  the  studies  oriented  towards  the  LES  8/9  and  GPS  systems, 
specifically,  studies  were  also  performed  in  the  fields  of  satel- 
lite signal  properties  and  the  simulation  of  desired  scintillation 
statistics . 

1 . 2 Brief  Summary  of  Results 

Analytic  results  have  been  obtained  for  the  suppression  of 
a frequency-hopped  signal  with  CW  jamming  in  a hard  limiter. 

The  soft  limiter  which  was  examined  was  modeled  as  a linear 
amplifier  for  input  levels  less  than  a specific  threshold  value, 
and  clipper  for  input  levels  above  the  threshold.  Calculations 
were  made  of  signal  suppression;  for  J/S  < 0 dB,  the  hard  limiter 
has  less  suppression,  while  for  J/S  > 0 dB,  the  soft  limiter  has  less. 

The  repeater  jammer  was  studied  for  a frequency-hopped  system 
which  utilized  error  correcting  coded  transmission  and  hard  limit- 
ing at  the  receiver.  The  signal  detection  statistic  took  into 
account  the  effects  of  matched  filtering,  limiting,  and  random 
frequency  and  phase  errors,  as  well  as  partial  chip  jamming. 

The  analyses  demonstrated  that  for  this  class  of  signal,  repeater 
jam.aing  is  in  general  more  efficient  than  either  random  noise  or 
multitone  jamming. 

When  CSEL  is  first  to  be  used  in  LES  8/9  simulations,  it  is 
important  to  have  a systematic  procedure  for  validating  the  simu- 
lation. Three  experiments  are  considered,  the  first  being 
a validation  of  the  programmed  signal  processor 


(PSP^  model  of  the  satellite,  the  second  being  the  downlink  simu- 
lation, and  the  third  being  jamming  on  the  forward  uplink.  Ex- 
perimental procedures  and  predicted  results  are  given. 

The  final  LES  8/9  study  is  concerned  with  Doppler  simulation. 
The  simulation  of  Doppler  shift  on  a wideband  signal  is  compli- 
cated by  the  linear  increase  in  Doppler  shift  across  the  signal 
band,  resulting  in  a differential  Doppler  shift  across  the  band. 
This  can  be  ignored  in  a narrow-band  signal,  but  must  be  included 
in  the  simulation  of  wideband  signals.  A hybrid  method  of  simu- 
lating both  the  Doppler  and  the  differential  Doppler  for  the 
LES  8/9  system  is  described. 

The  NAVSTAR  Global  Positioning  System  (GPS)  will  enable 
both  civilian  and  military  users  to  accurately  locate  their  po- 
sition in  three-dimensional  space.  Many  classes  of  users  are 
envisioned  for  GPS.  Depending  on  their  accuracy  requirements, 
they  may  receive  satellite  data  at  either  one  or  two  frequencies, 
with  or  without  A/J  protection.  AFAL  is  supporting  the  GPS 
Joint  Program  Office  to  provide  performance  trade-offs  related 
to  high-anti- jam  techniques  for  GPS,  as  well  as  to  expand  the 
technology  base  for  GPS  user  equipment.  As  part  of  this  program, 
AFAL  is  procuring  the  AFAL  Generalized  Development  Model  (GDM) 
of  the  GPS  user  equipment,  which  includes  the  hardware  and  soft- 
ware necessary  to  receive  and  process  GPS  navigation  signals, 
along  with  inertial  and  auxiliary  sensor  data  in  some  modes, 
and  determine  optimum  estimates  of  the  three  dimensional  position, 
velocity,  and  system  time.  In  our  study  of  GPS  we  have  summarized 
the  GPS  system  and  sources  of  errors,  investigated  ionospheric 
modelinq  techniques,  and  proposed  means  of  integrating  the  GDM 
into  CSEL,  thus  allowing  GPS  system  concepts  to  be  validly  tested 
through  a hybrid  simulation.  Among  the  items  considered  are: 
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expected  GDM  receiver  structure;  integration  of  the  GDM 
simulator  into  CSEL;  the  use  of  the  Draper  Laboratory's 
CSDL/4  - SV  satellite  simulator;  new  techniques  for  con- 
structing variable  delay  lines;  antenna  simulation;  stabili- 
zation of  time  delays;  and  hardware  and  software  requirements. 

The  final  part  of  the  study  deals  with  some  features  of 
satellite  signal  propagation.  It  consists  of  two  separate 
but  complementary  parts.  The  first  is  a summary  of  the  properties 
of  satellite  signals.  The  second  is  concerned  with  means  of 
simulating,  on  a digital  computer,  signal  distributions  which 
would  be  the  same  as  measured  oil  a scintillating  signal.  Algorithms 
are  derived  for  generating  signals  with  the  distribution  of  either 
envelope  alone,  or  both  the  envelope  and  phase. 

1.3  Contents  of  the  Report 

The  report  is  divided  into  four  main  sections.  Section  2 
contains  the  material  related  to  LES  8/9,  Section  3 the  material 
related  to  GPS,  and  Section  4 the  material  related  to  satellite 
signal  propagation.  Conclusions  and  recommendations  are  given 
in  Section  5. 
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LES  8/9  STUDIES 


2 . 1 Introduction 

The  Lincoln  Experimental  Satellites  LES  q/9  are  experimental 
satellites,  operating  at  VHF  and  K-band.  They  are  designed  to 
accept  signals  which  are  frequency-hopped  over  a wide  bandwidth 
for  A/J  purposes,  process  them,  and  re.fOj.-mat,  remodulate,  and  re- 
transmit their  data  to  other  users.  Thus  the  satellites  are  con- 
siderably more  sophisticated  than  the  conventional  repeater- type 
satellite,  which  simply  heterodyne  incoming  signals  to  another 
band  and  then  retransmit  them  with  no  further  processing. 


In  this  section  we  discuss  four  aspects  of  the  LES  8/9 
system  and  their  application  to  the  CSEL  facility.  In 
Section  2.2  we  describe  the  effects  of  limiters  on  frequency- 
hopped  signals.  The  simulation  of  Doppler  and  differential 
Doppler  shifts,  which  is  an  important  effect  in  wideband  A/J 
systems,  is  considered  in  Section  2.3.  Repeater  jamming  of 
frequency-hopped  signals  is  analyzed  in  Section  2.4.  Section  2 
ends  with  a discussion  of  systematic  tests  to  be  run  using  CSEL 
with  the  LES  8/9  simulator. 

2 . 2 Effects  of  Limiters  on  Frequency-Hopped  Signals 

A frequency-hopped  (FH)  signal  is  often  processed  through 
a limiter,  as  this  provides  a means  of  reducing  the  effect  of  a 
jammer  on  a coded  system.  In  this  section  we  consider  the  sup- 
pression which  FH  signals  undergo  in  both  hard  and  soft  limiters, 
when  combined  with  CW  or  FH  jamming  signals. 
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2.2,1  CW  Jamming  Suppression  of  FH  Signals 
in  a Hard  Limiter 

Suppose  that  two  CW  signals  are  present  at  the  input  to  a 
hard  limiter:  one  of  them  arising  from  a frequency-hopped  (FH) 
desired  signal,  and  the  other  from  either  a CW  or  FF.  jammer. 

If  the  desired  signal  is  at  frequency  fQ,  and  the  undesired 
signal  at  f^,  then  the  output  of  the  limiter  contains  an  in- 
finite number  of  spectral  lines  spaced  at  multiples  of  the  dif- 
ference frequency  (f^-f  ) . The  bulk  of  the  limiter  output 
energy  appears  in  the  lines  at  f and  f^;  however,  as  much  as 
19%  of  the  limiter  output  can  appear  in  other  lines  when  the 
signal  and  jamming  are  equal. 

If  S and  J are  the  signal  and  jamming  powers,  respectively, 
the  fraction  of  the  total  output  power  that  would  appear  at 
the  desired  frequency  when  using  a linear  amplifier  would  be 
S/(S+J)  . 

Beside  wasting  power  in  spurious  spectral  lines,  the  hard 
limiter  increases  the  disparity  between  the  power  in  the  spec- 
tral lines  at  f and  f. ; this  is  the  well  known  weak-signal 
o 1 

suppression  effect. 

This  combination  of  weak-signal  suppression  and  power  in 
spurious  lines  causes  the  power  in  the  desired  component  to  be 
some  number 


* ( J./S)  • 


S 

S+J 


(1) 


rather  than  S/(S+J)  . We  call  \J;(j/S)  the  "suppression  factor" 
and  we  have  plotted  \|f  in  Fig.  1.  The  details  of  calculating 
are  given  in  the  Appendix.  Although  is  indeed  a suppres- 
sion factor  in  the  important  situation  where  the  jamming/s ignai 
ratio  is  greater  than  unity,  it  is  apparent  from  the  figure  that 
iji  is  actually  an  improvement  factor  when  the  signal  is  more 
than  0.9  dB  stronger  than  the  jamming. 

In  an  actual  hard  limiting  repeater  the  power  amplifier 
that  follows  the  repeater  will  have  a bandwidth  approximacely 
equal  to  the  input  bandwidth  and  only  a finite  nunfoer  of  the 
spurious  spectral  lines  will  be  passed  by  the  amplifier.  Whether 
or  not  the  power  that  would  have  been  in  these  lines  will  ap- 
pear in  the  remaining  lines  depends  on  the  exact  characteristics 
of  the  power  amplifier.  Any  slight  improvement  that  results 
from  this  effect  is  likely  to  be  counterbalanced  by  incidental 
AM  to  PM  conversion. 

In  any  event  changes  from  the  signal-suppression  effect 
shown  in  the  figure  are  negligible  if  the  separation  between  the 
two  frequencies  is  small  compared  to  the  bandwidth,  and  we  may 
take  the  curve  as  shown  to  be  both  the  worst-case  and  a good 
approximation  to  all  of  the  other  cases.  The  derivation  of  t|i 

is  given  next. 

2 . 2 . 1 . 1 Calculation  of  Hard  Limiter  Suppression  Factor 

Using  complex  notation,  let 
signal  = exp  (ju^t)  , 

jamming  = A exp  ( ju>  t)  , 

, . . 2 
so  that  the  jamming/signal  ratio  is  A . 

limiter  is  then 


(2) 


\ 

\ ) 


The  total  input  to  the 
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Limiter  Suppression  Factor 


v (t)  = exp  ( j«jQt)  + A exp  ( juu  t)  , (4) 

and  the  hard-limited  output  (with  unity  peak  voltage)  is 

w (t)  = v (t)  / | v ( t)  j.  (5) 

Since 

2 2 

|v(t)  I = 1 + A + 2AcosFu)^-tOo)  t] , (6) 

we  have 

w(t)  = [1  + A2  + 2Acos [ (w.. -k  ) t]  ^ v ( t) . (7) 

1 o 

The  amplitude  of  the  desired  component  at  the  limiter  output  is 


v = lim(l/T) 
o 

_ lim(l/T) 

TV  co 


T 

i exp(-ja)  t)  w(t)  dt 
°o  ° 

T 1+AexpC  j ((U^-iDq)  t] 

o [ 1+A  +2A  cos  ((U..-U)  )t]  2 

1 o 


(8) 


It  is  easily  verified  that  this  is  equal  to  the  average  over  a 
whole  period  of  the  difference  frequency: 


V = (1/2,)  r"  ae  - i+AexpOW  (9) 

° -n  [1+A  +2Acos8] ‘ 

Since  the  integral  of  the  odd  part  of  the  integrand  vanishes, 
we  have 

vo  = (1/2,)  j"  ae  ■ ^Acose  v 
-rr  (1+A  +2Acos6)  2 


n 

= (1/TT)  J C 


dfi 


1+AcosQ 


no. 

\ ' a 


k 

&>r.wo  / 


(The  latter  expression  follows  from  the  even  symmetry  of  the 
integrand . ) 


(10) 


9 


r-  P*  ^ 


“-7^7 


It  is  convenient  to  write  the  numerator  -in  this  integrand 
as 


1+Acos0  = (1/2) (2+2Acosfi) 


= (1/2) (1+A  +2Acosfi  + 1-A2) , 


so  that 


TT 


VD  ~ (1/2tt)  J d*3  (1+A2+2Acos0)  "■ 
o 


(11) 


2 tt 

+ C (1-A  )/  (2rr)  3 f dO  ( l+A2+2Acos  0 ) . 


(12) 


The  change  of  variable  0 - 2cp  combined  with  application  of 
trigonometric  identity 


the 


leads  to 


cos  2cp  = 1-2  sin  cp 


,V2 


VQ  ~ (l/n)  f dcp  (1+2A+A2-4A  sin2cp)^ 


2 rn/2  ? , . 

+ r ( 1— A)  /tt]  J dcp  (1+2A+A'-4A  sin  cp)  2. 
o 

Let  us  now  introduce  the  parameter  m defined  by 
m = 4A/(1+A)2. 


(13) 


(14) 


(15) 


We  then  have 


tt/2 


VQ  “ I"  (1+A)/tt]  J dcp  (l-msin2cp)^ 


J 

o 


r»TT/2 


+ rU-A)/TT  J dcp  (l-msin2cp)  ^ , 


(16) 
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This  final  expression  is  in  the  form  of  complete  elliptic  in- 
tegrals. (See,  for  instance,  Eqs.  17.3.1  and  17.3.3  of  Hand- 
book of  Mathematical  Functions  by  Abramowitz  and  Stegun.)  We 
thus  can  write 

v = (1+A)  E(m)/rr  + (1-A)  K (m)/rr.  (]7) 

o 


The  value  of  vq  can  be  calculated  using  Eqs.  17.3.34  and 
17.3.36  of  the  cited  reference;  we  can  then  write 


P 


o 


(18) 


as  the  power  in  the  aesirv  q component.  Noting  that  if  the  unity 
power  output  of  the  limiter  nad.  been  divided  proportionally  be- 
tween just  the  id  and  uj-^  components  we  would  have  had  a power 
level  in  the  desired  component  of 

Pq  = (H-A2)-1,  (19) 

we  can  define  a signal  suppression  effect 


(20) 


This  suppression  effect  in  dB  is  given  in  Table  1.  It  is  useful 
to  include  in  the  table  some  extreme  cases  outside  of  the  calcu- 
lation range.  For  m ^ 0,  (corresponding  to  A -»  0 or  A - ~)  , 
it  is  conveninent  to  work  directly  with  one  of  the  earlier 

exDressions  for  v which  we  repeat  here; 

o 


v 

o 


(!/") 


dft 


1-t-A  cosft 


2 V 

(l+2AcosP  + A ) 2 


For  A-*w,  this  can  be  written  as 


11 


TABLE  1.  SUPPRESSION  EFFECT 


J/S,  DB 


Suppression, DB 


— CO 
-10.0 

- 8.0 
- 6.0 

- 4.0 

- 2.0 
- 1.0 
- 0.8 
- 0.6 

- 0.4 

- 0.2 
0.0 
0.2 
0.4 
0.6 
0.8 
1.0 
2.0 

4.0 

6.0 
8.0 

10.0 

15.0 

20.0 

25.0 

30.0 
00 


0.00 

0.18 

0.27 

0.37 

0.45 

0.35 

0.07 

-0.04 

- 0.16 

- 0.33 

- 0.55 

- 0.91 

- 1.32 

- 1.60 

- 1.83 

- 2.04 

- 2.23 

- 3.01 

- 4.07 

- 4.76 

- 5.21 

- 5.50 

-5.86 

- 5.97 

- 6.01 

- 6.02 

- 6.02 
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V 

o 


(1/n)  J 


dP 


cos  9 + A ^ 

— 1 —2  J<5  * 

(1+2.A  cos9  + A 


The  denominator  in  this  expression  can  be  expanded  in  powers  of 
A ^ using  two  terms  of  the  negative  binomial  expansion  to  ob- 
tain 

(1+2A  ^ cos0  + A 2)  2 « 1-A  ^ cosP. 

Multiplication  of  this  by  the  numerator  then  gives 


v « 
o 


TT 

(1/tt)  J dp  ("cos  P + A 


-1 


sm  8] 


= 1/2A. 

The  corresponding  power  is 


p « 1/4A^ 
o 

yielding  the  well  known  6 dB  signal  suppression  effect: 


\!i  (1/4A^)/(1/A^)  = 1/4  as  A-400. 

At  the  other  extreme  of  A-0,  we  evaluate  the  integrals  by 
inspection  to  verify  that 

il'-*l  as  A-  0. 


The  one  significant  case  remaining  is  that  of  equal  jam- 
ming and  signal  power.  In  that  case  A=1  and  the  expression  for 

v becomes 
o 


J 'I  ■ 


(21) 


(22) 


(23) 


(24) 


(25) 


(26) 
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summarize  some  aspects  of  the  problem,  and  then  present  the  detailed 
analysis . 
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2. 2. 2.1 


Summary  of  Soft  Limiter  Results 


(1)  The  use  of  a soft-limiter  presupposes  use  of  an  ampli- 
fier that  is  operating  part  of  the  time  in  the  linear 
region  and  part  of  the  time  in  a saturation  region. 

In  the  most  general  situation,  the  phase-shift  through 
such  a device  will  be  a function  of  the  amplitude  of 
the  input.  We  have  made  the  simplifying  assumption 
that  only  the  gain  depends  on  drive  level  and  not  the 
phase  shift.  It  must  be  recognized  that  there  will  be 
some  practical  applications  for  which  the  results  here 
represent  an  incomplete  solution. 

(2)  In  most  applications  both  the  input  signal  power  and 
input  jamming  power  are  variables  so  that  some  form 
of  automatic  gain  control  (AGC)  must  be  used  if  the 
soft-limiting  repeater  is  to  depend  only  on  relative 
jamming  and  signal  power  and  not  on  the  absolute 
levels.  We  have  shown  in  the  main  body  of  the  text 
that  if  the  performance  is  to  be  invariant  to  scaling 
of  the  total  input,  then  the  voltage  gain  preceding 
the  soft  limiter  should  be  inversely  proportional  to 
the  L -norm  of  the  waveform.  We  have  used  the  L2~norm 
of  thl  total  input  waveform  which  corresponds  to  making 
the  voltage  gain  of  the  preamplifier  inversely  propor- 
tional to  the  rms  input  envelope.  Correspondingly, 

the  average  power  at  the  input  to  the  soft  limiter  will 
be  constant. 

(3)  The  exact  performance  depends  on  the  specific  form  of 
the  nonlinear  output/input  characteristic.  However, 
an  excellent  approximation  to  the  performance  can  be 
obtained  by  treating  the  soft-limiter  as  a device  that 
acts  as  a linear  amplifier  for  input  envelopes  less  than 
a specified  constant  times  the  rms  envelope,  and  clips 
the  output  above  this  level  as  shown  in  Fig.  2.  We 
refer  to  this  as  a saturating  amplifier  characteristic. 


As  in  the  hard  limiter  we  compare  the  power  in  the  signal  com- 
ponent of  the  output  with  the  signal  power  cut  of  an  ideal  amplifier 
constrained  by  an  average  power  limitation  rather  than  a peak  power 
limitation;  the  ratio  of  those  signal  powers  we  refer  to  as  the 
signal  suppression. 
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Figure  2.  Saturating  Amplifier  Characteristic 


The  results  of  the  computer  calculations  of  signal  suppres- 
sion vs.  J/S  ratio  show  that  for  each  J/S  ratio  there  is  an  opti- 
mum clipping  level.  Table  2 gives  this  optimum  clipping  level  for 
several  values  of  J/S.  The  optimum  clip  level  exhibits  an  inter- 
esting pattern: 

(a)  For  J/S  < 0 dB  the  hard  limiter  is  optimum. 

(b)  For  J/S  > 0 dB  a soft  limiter  is  optimum  bur  the  clip 

level  is  always  less  than  1.3  dB  above 
the  rms  envelope. 

(c)  As  J/S  - « the  optimum  clip  level  is  slightly  above 

but  not  equal  to  the  rms  envelope. 

Since  any  operational  system  would  undoubtedly  have  to  work 
at  a fixed  clipping  level,  it  is  also  of  interest  to  determine 
the  worst  case  suppression  for  each  clipping  level.  Table  3 gives 
these  numbers  i~>r  several  clipping  levels.  The  minimax  value  in 
this  table  occurs  With  a clipping  level  of  0.7  dB  above  the  rms 
envelope. 

The  choice  of  clipping  level  clearly  depends  on  which  range 
of  J/S  values  is  most  likely  to  occur  on  the  operational  link. 

As  an  aid  to  possible  system  design  we  include  Tables  4 to  11 
which  give  the  signal  suppression  vs.  J/S  for  clip  levels  of  0.1 
to  1.3  dB  above  rms  signal  level,  and  for  the  hard  limiter.  In 
addition,  some  of  these  data  points  are  plotted  in  Fig.  3 to 
show  graphically  the  type  of  tradeoff  involved.  We  have  specific- 
ally chosen  for  graphing  the  clipping  levels  of 

(a)  1.3  dB,  which  is  the  largest  clip  level  that  would 

ever  be  considered 

(b)  0.7  dB,  which  minimizes  the  maximum  suppression 

(c)  0.1  dB,  which  nearly  minimizes  the  suppression  at 

arbitrarily  large  J/S  ratios 

(d)  -«  dB,  wu Lch  is  the  hard  limiter. 
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TABLE  2 OPTIMUM  CLIP  LEVEL  VS  J/S 


•J/s 


Optimum  Clip  Level 
RMS  Envelope 
(20  log^Qvoltage  ratio) 


Sigmil 

Suppression 

(positive  values  = enhancement) 


- co 

-“  dB 

0.00  dB 

-10 

— 00 

0.18 

- 9 

— 00 

0.23 

- 8 

— 00 

0.27 

- 7 

— 00 

0.32 

- 6 

— 00 

0.37 

- 5 

— CD 

0.44 

- 4 

— CO 

0.45 

- 3 

— CD 

0.44 

- 2 

— CO 

0.35 

- 1 

— CO 

0.07 

0 

— CD 

-0.91 

1 

-5. 

-1.51 

2 

-2. 

-1.80 

3 

-1. 

-1.98 

4 

0.6 

-2.09 

5 

0.9 

-2.12 

6 

1.2 

-2.11 

7 

1.3 

-2.06 

8 

1.3 

-1.99 

9 

1.3 

-1.91 

10 

1.3 

-1.81 

11 

1.3 

-1.70 

12 

1.3 

-1.58 

13 

1.3 

-1.47 

14 

1.2 

-1.35 

15 

1.2 

-1.25 

16 

1.1 

-1.14 

17 

1.0 

-1.04 

18 

0.9 

-0.94 

19 

0.8 

-C.86 

20 

0.7 

-0.79 

21 

0.7 

-0.70 

22 

0.6 

-0.64 

23 

0.6 

o 

VO 

« 

0 

1 

24 

0.5 

-0.51 

o c 

A C 
V • J 

A C A 
— W • .J  V 

26 

0.4 

-0.42 

27 

0.4 

-0.40 

28 

0.3 

-0.38 

29 

0.3 

-0.30 

30 

0.3 

-0.30 

00 

0+ 

«0 
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TABLE  3.  WORST  SUPPRESSION  AT  EACH  CLIPPING  LEVEL 


Clip  Level 

1.3  dB 
1.2 
1.1 
1.0 
0.9 
0.8 
0.7 
0.6 
0.5 
0.4 
0.3 
0.2 
0.1 
0.0 
< 0 


Worst  Case 
Signal  Suppression 

- 2.18  dB 

- 2.16 

- 2.14 

- 2.13 

- 2.12 
- 2.12 
- 2.11 
- 2.12 

- 2.13 

- 2.15 
-2.18 

- 2.23 

- 2.31 

- 2.50 

- 6.01 


J/S  Value  at  Which 
Worst  Case  Occurs 

3 dB 
3 

3 

4 

4 

5 

5 

6 
6 

7 

8 
9 

12 

tt> 

C2 
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TABLE  4.  SIGNAL  SUPPRESSION  IN  HARD-LIMITING  REPEATER 


CO 

& 

Suppression, dB 

-10 

0.18 

- 9 

0.28 

- 8 

0.27 

- 7 

0.32 

- 6 

0.37 

- 5 

0.42 

- 4 

0.45 

- 3 

0.44 

- 2 

0.35 

- 1 

0.07 

0 

-0.92 

1 

-2.23 

2 

-3.01 

3 

-3.60 

4 

-4.07 

5 

-4.45 

6 

-4.76 

7 

-5  .00 

8 

-5.21 

9 

-5.37 

10 

-5.50 

11 

-5.61 

12 

-5.69 

13 

-5.76 

14 

-5.81 

15 

-5.86 

16 

-5.89 

17 

-5.92 

18 

-5.94 

19 

-5.96 

20 

-5.97 

21 

-5.98 

22 

-5.99 

23 

-6.00 

24 

-6.00 

25 

-6.01 

26 

-6.01 

27 

-6.01 

23 

-6.02 

29 

-6.02 

30 

-6.02 

20 
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TABLE  5 
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SOFT-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  0.1 


J/S  IN  DH  P S I — 5U8— S/N ♦ DB 


-1  0 

-0.83 

-9 

91 

-8 

-u  , -> 

-7 

-1.08 

-6 

-1.17 

-5 

-1  .27 

-4 

-1.37 

-3 

-1  .47 

-2 

-1  .57 

-1 

-1  .67 

0 

-1  .77 

1 

-1  .65 

2 

-1  .93 

3 

-2.01 

4 

-2.08 

5 

-2.13 

6 

-2.18 

7 

-2.22 

8 

-2.25 

9 

-2.28 

10 

-2.29 

1 1 

-2.30 

12 

-2.31 

1 3 

-2.30 

1 4 

-2.30 

15 

-2.28 

1 6 

-2.26 

17 

-2.24 

1 8 

-2.21 

19 

-2.18 

PO 

-2.14 

21 

-2.09 

22 

-2.04 

23 

-1  .98 

24 

-1  .92 

25 

-1  .84 

?A 

-1.76 

27 

-1  .67 

28 

-1  .57 

29 

-1  .47 

30 

-1 .35 

21 


TABLE  6.  SOET-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  0.3 


si/ S 


IN  09  PSI -SUB-S/N.DB 


-1  0 

-0  i 92 

-9 

-1.00 

-a 

-1 .08 

-7 

-1.16 

-6 

-1 .25 

-5 

-1  .35 

-4 

-1  .44 

-3 

-1 .54 

—2 

-1  .63 

-1 

-1.73 

0 

-1.81 

1 

-1  .89 

2 

-1  .96 

3 

-2.03 

4 

-2.08 

5 

-2.12 

6 

-2.15 

7 

-2.17 

8 

-2.18 

9 

-2.18 

10 

-2.17 

1 1 

-2.15 

12 

-2.12 

13 

-2.08 

14 

-2.03 

lb 

-1  .98 

16 

-1 .91 

17 

-I  .83 

i a 

-1 .74 

1 9 

-1  .64 

20 

-1  .53 

21 

-1  .41 

2? 

-1  .28 

23 

-1.14 

24 

-0.99 

25 

-0.83 

26 

-0.67 

27 

-0.52 

28 

-0.38 

29 

-0.30 

30 

-0.30 

TABLE  7.  SOFT-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  0.5 


J/S  IN  OB  P S 1 — SUB— S/N  » DB 


1 0 

1 

• 

o 

-9 

-1.09 

-8 

-1.17 

-7 

-1 .25 

-6 

-1 .34 

-5 

-1.43 

-4 

-1  .52 

-3 

-1.61 

-2 

-1  .70 

-1 

-1 . 78 

0 

-1 .86 

1 

-1 .93 

2 

-2.00 

3 

-2.05 

4 

-2.09 

5 

-2.11 

6 

-2.13 

7 

-2.13 

8 

-2.12 

9 

-2.10 

1 0 

-2.07 

1 1 

-2.02 

1 2 

-1 .96 

1 3 

-1  .89 

14 

-1 .80 

15 

-1.71 

1 6 

-1  .60 

1 7 

-1 .48 

1 8 

-1 .35 

19 

-1.21 

20 

-1 . 07 

2 1 

-0.91 

2 2 

-0.76 

23 

-0.62 

24 

-0.51 

25 

-0.50 

26 

-0.50 

27 

-0.50 

<“* 
r u 

/\  r*  /\ 
"V  • JV 

2 ? 

-0.50 

30 

-0.50 

23 


TABLE  8.  SOFT-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  0.7 


J/S  IN  D3 

P5I-SU3-! 

- 10 

-1.12 

-9 

-1.19 

-8 

-1 .26 

-7 

-1 .34 

-6 

-1  .43 

—5 

-1.51 

-4 

-1  .60 

-3 

-1  .68 

-2 

-1  .77 

-1 

-1  .84 

0 

-1.92 

1 

-1  .98 

2 

-2.0  3 

3 

-2.07 

4 

-2.10 

5 

-2.11 

6 

-2.11 

7 

-2.10 

8 

-2.07 

9 

-2.03 

10 

-1  .97 

1 1 

-1 .90 

1? 

-1  .82 

13 

-1  .72 

14 

-1.61 

15 

-1 .49 

16 

-1 .36 

17 

-1  .22 

18 

-1  .07 

19 

-0.93 

20 

-0.79 

21 

-0.70 

22 

-0.70 

23 

-0.70 

24 

-0.70 

25 

-0.70 

26 

-0.70 

27 

-0.70 

28 

-0.70 

29 

-0.70 

30 

1 

o 

. 

o 

24 
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TABLE  9.  SOFT-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  0.9 


v$ 


i 


TABLE  10.  SOFT-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  1.1 


IN  DB 

PSI— SUB— 

-1  0 

-1  .34 

-9 

-1  .40 

-8 

-1  .47 

-7 

-1  .54 

-6 

-1  .62 

-5 

-1  .69 

—4 

-1  .77 

-3 

-1  .84 

-? 

-1.91 

-1 

-1  .98 

0 

-2.04 

1 

-2.08 

2 

-2.12 

3 

-2.14 

4 

-2.14 

5 

-2.13 

6 

-2.11 

7 

N 

0 
. 

£\l 

1 

8 

-2.01 

9 

-1  .93 

1 0 

-I  .84 

1 1 

-1  .74 

1 2 

-1  .63 

1 3 

-1 .50 

14 

-1 .37 

15 

-1  .25 

16 

-1.14 

17 

0 
*-« 

• 

1 

1 8 

-1.10 

19 

-1.10 

20 

-1.10 

21 

-1.10 

22 

-1  . i 0 

23 

-1.10 

24 

-1.10 

25 

-1.10 

26 

-1.10 

27 

-1.10 

28 

-1.10 

29 

-1.10 

30 

-3.10 

26 


TABLE  11.  SOFT-LIMITING  REPEATER  CLIPPING  LEVEL  IN  DB  1.3 


B = 0.1  dB 
B » 0.7^ 
B =1.3d^ 


B*  0.7  dB 


8 ■ (hard  limiter) 


1 sw~w*'r. 


In  addition  to  the  obvious  application  of  soft-limiting  in 
satellite  or  RPV  repeaters,  there  are  certain  MFSK  receivers  that 
use  limiting  prior  to  the  multiple  filters.  A typical  situation 
is  .me  involving  a coded  8-FSK  or  16-FSK  signal, where  the  8 or  16 
possible  tones  are  hopped  as  a group, and  where  the  receiver  con- 
sists of  a dehopper  followed  by  a narrow-band  limiter  followed  by 
a filter  bank,  followed  by  decoding  circuitry.  Because  soft- 
limiting  appeared  to  be  such  a desirable  tool  in  the  satellite- 
repeater  framework,  we  felt  that  it  might  also  prove  to  be  useful 
as  a receiver  preclipper  in  place  of  the  hard  limiter.  Further- 
more, it  was  easy  to  extend  the  numerical  programming  to  include 
this  case. 

For  the  receiver  preclipper,  it  is  again  necessary  to  assume 
some  form  of  automatic  gain  control  so  that  the  clipping  level  is 
referred  to  input  power  or  rms  envelope.  This  is  not  the  place 
for  a detailed  discussion  of  demodulation  of  coded  FH  transmissions; 
however,  a brief  analysis  suggests  that  the  gain  control  should 
not  be  set  in  terms  of  the  average  total  input  power,  but  rather 
should  be  referred  to  the  rms  envelope  of  the  desired  signal.  We 
base  our  analysis  on  this  assumption. 

When  the  satellite  repeater  was  analyzed, it  was  sufficient 
to  consider  the  signal  suppression  alone  because  the  dominant  cause 
of  link  failure  in  that  situation  is  the  downlink  noise.  This  is 
no  longer  true  in  the  case  of  the  receiver  preclipper  where  the 
source  of  errors  is  the  jamming  power  at  the  output  of  the  non- 
linearity, Onp  is  thus  led  to  considering  the  suppression  of 
both  signal  and  jamming  power  below  the  peak  output  of  the  non- 
linearity. 
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Figure  4 presents  curves  of  both  suppression  effects  at 
three  clipping  levels.  The  results  are  inconclusive  as  to 
whether  use  of  a soft  limiter  in  this  application  would  be 
beneficial  or  not.  Basically  what  is  needed  is  an  analysis 
paralleling  that  in  the  repeater  study,  Section  2.4  of  this 
report.  Such  an  analysis  would  determine  the  optimum  operating 
point  for  the  jammer  for  each  clipping  level  and  establish  the 
improvement  or  degradation  that  accompanies  soft  limiting. 

2 . 2 . 2 . 2 Analytical  Development  of  the  Soft  Limiter 

In  Section  2.2.1  we  analyzed  the  suppression  of  frequency- 
hopped  signals  by  constant  amplitude  jamming  in  a hard  limiter 
amplifier.  In  this  section  we  extend  that  analysis  to  other  non- 
linear amplifiers,  including  AGC  effects. 


2 . 2 . 2 . 2 . 1 Description  of  the  Input  Signal 
Let 

S = signal  power  at  input  to  nonlinearity  (30a) 

J = jamming  power  at  input  to  nonlinearity  (30b) 

tu  = signal  frequency,  radians/sec  (30c) 

O 

m = jamming  frequency,  radians/sec  . (30d) 

J 


If  we  refer  the  power  levels  to  a ^-ohm  impedance  level  (the  actual 
impedance  level  is  obviously  irrelevant) , the  voltage  waveform  at 
the  input  can  be  written  as 


V (t)  = S2  cos  (<d  _ t ) + J2  cos(m_t). 

s>  J 


(3.1) 


With  reference  to  any  frequency  in  the  signal  band,  this 
waveform  has  a slowly- varying  envelope,  and  slowly- varying  phase. 


30 


For  example,  if  we  select  the  signal  frequency  itself  as  a ref- 
erence, we  can  rewrite  Eq.  (31)  as 

V(t)  = R(t)  cos C'JUgt  + cp ( t ) ] , (32) 

where  the  fluctuations  of  both  R(t)  and  e(t)  are  very  slow  com- 
pared to  those  of  cos(si«  t). 

O 

Before  evaluating  R(t)  and  cp(t)  it  is  helpful  to  make  a few 
notational  simplifications  to  make  the  ensuing  mathematics  shorter. 
Specifically  we  write 


a = S2, 

(33a) 

ii 

,Q 

(33b) 

0)  = U)  - W-  . 
u o 

(34) 

In  terms  of  these  quantities  Eq. (31)  can  be  rewritten  as 

V ( t)  = a cos  (hi  t)  + b cos  (at  t + -jut)  , (35) 

o o 

or,  upon  expanding  the  second  term  using  routine  trigonometric 
identities, 

V (t)  = [a  + bcos(mt)]  cos  (uu  t) 

O 

- b sin(<ut)  sin(<»  t).  (36) 

O 

If  we  use  a similar  expansion  of  Eq. (32)  we  find  the  alternate 
expression  for  V(t) : 

V (t)  = R (t)  cos[co(t)]  COS((JJct) 

- R(t)  sin[<p(t)J  sin(m  t).  (37) 

b 

The  coefficients  of  cos  (m  t)  in  Eqs. (36)  and  (37)  must  be  equal 

b 

to  each  other,  as  must  the  coefficients  of  sin (w  t) . We  therefore 

b 

have 
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R(t)  cos[cp(t)]  = a + b cos (wt), 
R(t)  sin[cp(t)]  - b sin(u)t). 

Th^  ratio  of  these  two  equations  yields 


r / , * ^ b sa.n  (wt) 

tan[cp(t)  J = — ~r >-—---• 

a + b cos  (u)t) 


while  the  sums  of  squares  of  the  two  equations  yields 


2 2 2 
R (t)  = a + 2 a b cos(mt)  + b^, 


(38a) 

(33b) 


(39) 


(40) 


2 . 2 . 2 . 2 . 2 Description  of  the  Nonlinearity 

If  we  passed  V(t)  through  an  ideal  linear  amplifier,  the 
output  would  be 

W(t)  = KV ( t)  = KR(t)  cOs[m  t + cp  ( t)  ] . (41) 

s 

The  type  of  nonlinear  amplifier  we  are  concerned  with  can  be 
thought  of  as  an  amplifier  with  drive-dependent  gain  followed 
by  a bandpass  filter  which  only  permits  transmission  of  fre- 
quencies near  the  nominal  carrier  frequency.  Let  us  write  the 
output  of  this  device  as 

W(t)  = Q (t)  cosuUgt  + ft(fc)].  (42) 

We  now  need  to  examine  the  relation  of  Q(t)  and  P(t)  to  R(t) 
and  cp  (t)  . 

Since  R(t)  and  cp  ( t ) are  slowly-varying  let  us  look  at  the 
values  of  Q(t)  and  9(t)  when  R(t)  and  cp(t)  are  constant  for  some 
small  interval  of  time.  In  this  situation  V(t)  is  a constant 
amplitude  sinusoid: 

V ( t)  = R cosDjUgt  + cp]  if  R ( t)  = R and  cp ( t ) = cp.  (43) 


3 3 
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Clearly,  the  output  of  the  nonlinear  device  must  also  be  a con- 
stant amplitude  sinusoid, 

W(t)  = Q cos[u)  t + fl].  (44) 

£> 

Furthermore,  since  we  can  write 

cos  [to  t + cp]  = cosTtu  (t  + cp/iju  )],  (45) 

o s s 

the  phase  shift  co  is  completely  equivalent  to  a shift  in  time. 

Since  the  behavior  of  the  nonlinearity  must  not  be  a function 
of  the  time  origin,  we  then  have 

W(t)  = Q cos[ui  (t  + co/u>_)  + 0 ] 

S SO 

= Q cosf^t  + co  + 0 ] • (46a) 

S o 

where  0q  is  the  equivalent  phase  shift  of  the  device  viewed  as 
a linear  amplifier: 

0 = O when  cp  = 0.  (46b) 

o 

Since  neither  0 nor  Q depends  on  cp,  the  most  r^neral  form 
o 

that  we  can  assume  for  the  device  is 

Q = H (R)  • (47a) 

0 = h(R)  (47b) 

o 

or 

W(t)  = H (R)  cos  [uj  t + cp  + h(R)] 

O 

when  R(t)  = R and  co(t)  = cp,  (48) 

We  can  now  generalize  to  the  actual  case.  As  long  as  the 
variations  of  R(t)  are  sufficiently  slow  compared  to  the  time 
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constants  of  the  circuits  in  the  nonlinear  device,  Eqs,(47) 
and  (48)  generalizes  immediately  to 

Q ( t)  = HfR  (t)  ] , (49a) 

0 (t)  = hrR(t)],  (49b) 

o 

and 

W(t)  = H[R(t)]  cos[(D  t + cp  + hfR(t)]}.  (50) 

b 

The  form  of  the  output  give  by  Eq. (50)  is  the  most  general 
form  of  distortion  we  reasonably  need  to  consider  in  analyzing 
the  effect  of  nonlinearities,  and  there  are,  in  fact,  many  types 
of  amplifiers  (beam  power  devices  like  travelling-wave  tubes, 
for  example)  that  require  the  full  generality  of  this  expression. 

It  is  virtually  impossible,  however,  to  achieve  any  useful  ana- 
lytic results  when  we  include  the  drive-dependent  phase  shift 
h[R(t)]  except  with  a case-by-case  numerical  analysis.  Let  us 
therefore  consider  a more  restricted  model. 

2. 2. 2. 2. 2.1  A Restrictive  Assumption 

Suppose  we  model  the  nonlinear  amplifier  as  a memoryless 
nonlinearity  followed  by  a band-limitation.  Let  us  consider 
first  the  effects  of  the  memoryless  nonlinearity  by  itself  with- 
out including  the  effect  of  the  subsequent  band-limitation. 

We  will  write  the  output  of  the  nonlinearity  as 

U(t)  = f[V(t)].  (51) 

Now  it  is  certainly  possible  to  assume  that  V(t)  is  bounded  in 
magnitude  by  some  large  number  L, 

|v(t) | £ L,  (52) 
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and  on  the  range  |v|  £ L we  can  always  find  a polynomial  approxi- 
mation to  f(v): 


f (v) 


f 

m 


m 
v , 


v | £ L. 


(53) 


The  approximation  can  be  made  arbitrarily  good  by  taking  M suf- 
ficiently large.  Looking  ahead  to  the  result  of  filtering  U(t), 
we  can  see  that  only  the  odd  powers  of  v can  yield  in-band  com- 
ponents. Let  us  therefore  simplify  Eq.  (53)  to  read 


f (v) 


K 

£ 

k=0 


f2k+l 


2k-H 


(54) 


where  the  symbol  " = " means  that  the  even  powers  have  been  omitted. 


With  V ( t ) given  by 

V(t)  = R cos(u)  t + cp) , (55) 

O 

the  output  U (t)  is  then 

U(t)  = £ f2k+l  R2k+1  [cos(a)st  + cp)]2k+1.  (56) 

k=0 


The  powers  of  the  cosine  in  this  expression  may  be  evaluated  by 
the  chain  of  equalities 


2k+l 


2k+l/  jx  -jx\2k+l 


(cos  = (h)  + e 


/ 


- M 


2k+1  25o1(2k+1XejX)m(e’jX)2k+1"m 


nv 

2k+l 

m=u  \ m J 


.,,2k+l  “■‘'*/2k+l\  j(2m-l-2k)x 
— 1^2/  l 1 © 

V2'  *n=0  \ 


^ . 2.k+l  ^ /2k+l\  j (2m-l~2k)x 

2 m=0  \ m / 


m 
2k+l 


+ <^>2k+i,=s+1  (2r>j(2m-i-2k,x- 


or  upon  substituting  n=k+l-min  the  first  sum  and  n = m - k 
in  the  second  sum 


/ % 2k+l 

(cos  x) 


k+1 

. 2k+l  0 / 2k+l  \ j(l-2n)x 

(!s)  nil  U+l-J  e 


k+1 


2k+l  (2k+l\j(2n-l)x 
v 21  n=l  V n+k  / 


Since  the  binomial  coefficients  are  identical  in  the  two  sums  for 
the  same  index  n,  we  can  combine  the  sums  as 


, . 2k+l  2 k+1 

(cos  x)  = (%) 


k+1 

+ 2cos  [ (2n-l)x] 

n=l  ' n+K  ' 


or,  finally 


k+1 


(cos  x)2k+1  = 4 k (^n+k")  cos  t (2n-l) x]  . 


(57) 


If  we  substitute  this  in  Eq.  (56)  we  then  have 


U(t) 


K 

E 

k=0 


f2k+l 


R2k+1 


k+1 


' (ITk1)  «®C(2n-l)(»gt  + cp)] 


(58) 


In  this  expression  the  terms  involving 


cos  T (2n-l)  (mgt  + cp)] 

are  centered  in  frequency  on  an  odd  harmonic  of  m . Even  though 

O 

the  spectral  width  of  these  terms  is  proportional  to  the  sum  of 
the  spectral  widths  of  R(t)  and  cos[cp(t)]  multiplied  by  (2k+l). 
we  can  usually  assume  that  none  of  these  spectra  fall  in  the 
vicinity  of  uj  . It  is  therefore  an  excellent  approximation  to 

O 

use  only  the  term  for  n = 1 in  each  of  the  inner  sums  of  Eq. (58) 
to  arrive  at 
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U(t)  = 


E f f2k+1)  4 

k=0  2k+l  \ k+1  / 


“k  [R(t)]2k+1 


• cos[ui  t + cp(t)].  (59) 

O 

It  will  be  noted  that  we  have  reinserted  the  time-dependence  of 
R and  cp  which  was  left  implicit  in  Eqs.  (55)-  (58)  . 

In  the  CW-jamming  case  we  are  analyzing,  it  is  useful  to 
temporarily  factor  the  first  power  of  R(t)  out  of  the  quantity 
in  the  braces,  and  to  associate  it  with  the  phase  modulated  term 
so  that  we  then  have 


U(t) 


/2k+l\ 
2 k+1  \ k+1  / 


[R2  (t)]^j 


♦ R (t)  cosDjUgt  + cp(t)]. 


(60) 


The  term  multiplying  the  quantity  in  braces  is  then  seen  (from 

Eq.  (32))tobe  V(t);  we  can  also  substitute  the  expression  for 
2 

R (t)  from  Eq. (11)  to  obtain  U(t)  in  the  form 


K 


u (t)  = \ Z f v 

kk=0  2k+l 


/2k+l\  -k  r 2 ,2  _ . , ,nkl 

y k+1  / 4 [a  + b + 2ab  cos(mt)]  / 


[a  cos(ajgt)  + b cos  (wgt  + out)]. 


(61) 


In  this  form  we  see  that  U(t)  consists  o:c  carriers  at  uj  and  m + m 

S S 

that  are  amplitude  modulated  by  sinusoidal  terms  that  are  harmonics 
of  tu ; the  largest  of  these  harmonic  modulation  frequencies  is  at 

If...  T.T*  4-T> . — ‘U i-  "U  1.4  — X-  J 1 r..  . Z -»  T T / X.  \ 

xvju  • nc  uuv  a uavc  uitc:  auu  xwwcou  xn  u \ u; 


given  by 


highest  radian  frequency  in  U(t)  = «j  + (K+l)u), 

S 

lowest  radian  frequency  in  U(t)  - «»  - Km. 


(62a) 

(62b) 
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The  most  unfavorable  situation  therefore  occurs  when  the  jam- 
ming frequency  is  near  the  signal  frequency  so  that 

u)  « transmission  bandwidth,  £63) 


in  which  case  all  of  the  distortion  frequencies  pass  through 
the  filter  and 


W(t)  »U(t).  <64) 

We  thus  can  substitute  W(t)  for  U(t)  on  the  left-hand  side  of 
Eq. (29) ; if  we  then  compare  this  with  Eq. (20)  we  see  immediately 
that 


H (r) 


K 

Z 

k=0 


f 


/ 2k+l 
2k+l  \ k+1 


2k+l 

r 


(65a) 


and 

h(r)  = 0. 

This  yields  the  simpler  expression 

W(t)  = H[R(t)]  cosTui  t + w(t)]. 

b 

This  is  the  model  we  will  adopt  in  the  ensuing  analysis. 


(65b) 


(65c) 


2 . 2 . 2 . 2 . 2 . 2 Shortcomings  of  Restricted  Model 

It  must  be  recognized  that  in  using  the  restricted  model 
of  Eq.  (66)  we  are  possibly  ignoring  the  more  serious  suppression 
effects  of  the  nonlinearity.  The  assumption  that  the  phase  shift 
is  independent  of  drive  level  implies  that  the  device  exhibits 
no  AM-to-PM  conversion.  This  is  certainly  incorrect  if  the  soft- 
limiting  effects  occur  in  a microwave  power  amplifier,  and  it  is 
a difficult  design  problem  to  insure  its  truth  even  in  low-power- 
level  devices.  Furthermore,  the  effect  of  AM/PM  conversion  can 
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be  far  more  significant  than  the  amplitude  nonlinearity  itself. 
From  this  previous  study  of  the  hard  limiter,  we  expect  maximum 
suppression  due  to  amplitude  effects  to  be  of  the  order  of  6 dB. 
However,  it  is  possible  to  conceive  of  suppression  effects  much 
larger  than  this  associated  with  the  incidental  phase  modulation 
in  a multiple-cavity  power  amplifier.  The  ensuing  analysis  of 
suppression  associated  with  amplitude  nonlinearities  must  there- 
fore be  viewed  as  only  a first  stage  in  the  analysis  of  actual 
devices. 

2. 2. 2. 2. 3 Suppression  Ratios 

The  instantaneous  RF  power  out  of  the  nonlinear  amplifier 
is  given  by 

p(t)  = {HrR(t) ] }2.  (6: 

We  denote  by  P the  maximum  available  power  from  the  device: 

P = peak  power. 

Correspondingly,  H must  be  constrained  by 

P 

H(r)  £ P 2,  0 s r £ <=.  (6! 

It  is  helpful  now  to  factor  W(t)  in  a slightly  different 
way.  We  define 


G (r)  = 


G(r)  can  be  looked  on  as  an  amplitude-dependent  voltage  gain. 
We  then  have 


W(t)  * GrR(t)  ] R(t)  cosb  t + cp  ( t ) ] , 


or,  upon  comparing  with  Eq. (3) , 
W(t)  = GfR(t)  ] V(t)  . 
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(72) 


(73) 


If  we  refer  back  to  Eq.(40)  we  see  that  R (t) 
periodic  function  with  period 

t = 2tt/u)  . 
o 

Consequently,  R(t)  also  has  this  property  as  does 
therefore  can  write 


G[R(t)]  = g + E g cos  (nujt) 
o n>0  n 


where 


t /2 
o 


go  = t 


1_ 

o 


g[r (t) ] dt. 


and 


-t  /2 
o 

t ,/2 
o 


gn  = ~ J G[R (t)  ] cos(ntot)dt,  n > 0. 


-t  /2 
o 


These  coefficients  may  be  put  in  a slightly  nicer 
the  variable  of  integration  to  be 


x = ujt. 


so  that 


go  = 


J G[p(x)]  dx, 


g„  = 


1 P 


-n 

n 


G[p(x)]  cos(nx)dx,n  > 0, 
where,  in  both  expressions  p (x)  is  given  by 


n tt  J 

-TT 


2 2 H 

p (x)  = [a  + 2ab  cos(x)  + b ] . 


is  an  even 
G[R (t) ] . We 

(74) 

(75a) 

(75b) 

form  by  changing 

(76a) 

(76b) 

(77) 
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If  we  now  replace  the  factors  G and  V in  Eq.(72)  by  their 
equivalent  expressions  given  in  Eqs. (74)  and  (35)  respectively/ 
we  have 

W(t)  = Tg  + £ g cos  (n<t>t)"|  ( 
u ° n>0  n 


• [a  cos  (uj  t)  + b cos  (ui  t + ujt)], 
b b 

or,  using  the  standard  trigonometric  identity  for  the  product 
of  two  cosines, 

W(t)  = a g cos  (id  t)  + b g cos(iju  t + tut) 

O S O o 

+ £ % a g cos(u)  t + nrj>t)  + £ h a g cos  (w  t-nu)t) 

n>0  n S n>0  n S 


+ £ %bg  cosru)  t+  (n+l)ujt] 

n>0  n S 


+ y h b g cosfio  t+(n-l)t]. 
n>0  n s 


(79) 


Of  all  the  terms  involved  in  this  expression,  only  the  first  term 
and  the  (n=l)-term  in  the  last  aum  are  at  the  signal  frequency  of 
tu  . We  can  therefore  write 

O 

W(t)  = (a  g + h b g. ) cos  (uj  t ) 

O 1 b 


+ sinusoids  at  other  frequencies. 


If  we  then  denote  the  output  signal  power  by  P : 

D 

P = power  at  frequency  u)c, 

S o 

we  have 


(80) 


P„  = (a  g + h b g,)2. 

o O x 

All  of  the  other  terms  in  the  expansion  in  Eq. (48)  con- 
stitute potential  interference  or  noise  in  subsequent  detection 
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operations  and  we  can  denote  their  power  by 

P = power  at  frequencies  ^ cu  . 

J S 

It  would  be  tremendously  cumbersome  to  arrive  at  the  value  of 
P by  summing  the  squared  coefficients,  however.  A much  more 
direct  way  of  arriving  at  this  number  is  to  equate  it  to  the 
total  power  of  W(t)  minus  the  power  in  oj  . This  total  power 

b 

is  just  the  time  average  of  the  instantaneous  power  given  by 
Eq. (67) ; denoting  it  by  P^,  we  have 

PT=lim^-  J {HfR(t)]}2dt.  (82) 

-T 

We  can  again  use  the  periodic  property  of  R(t)  to  v/rite  this 
as  the  average  over  a single  period  of  the  difference  frequency: 

PT  = 2^  J CH TP (x) ] 3 2 dx. 

-TT 

This  can  be  written  in  terms  of  the  voltage  gain  G as 
1 tt 

PT  = 2v  I ^p  ^ G^P  ^ ^ dx*  (83^ 

-TT 

We  then  express  P^  as 

P = P - P . (84) 

J T S 

We  turn  now  tc  the  definition  of  suppression  ratios.  We 
observe  first  that  if  the  amplifier  were  linear  and  operated 
under  an  average  power  limitation,  the  output  power  P would 
be  divided  between  signal  and  jamming  in  the  same  proportions 
as  existed  at  the  input.  We  would  thus  have 
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ptp^'.a1  va&rBtm ,v. ■ ^ry^n^^pr  ? rsa? u '*  ^y^W1'11  r" 


ps 


p; 


S+J 


p - 


S+J 


p = 


24.  -U2 

a + b 


2 2 
a + b 


^ linear  aiv^ifier, 
average  power 
limitation. 


(85) 


For  down-link-limited  satellite  repeaters  where  the  main 
source  of  interference  is  the  thermal  noise  power  N at  the  down- 
link receiver  and  not  the  reradiated  interference,  the  quantity 
of  interest  is  the  downlink  SNR: 


Vn 


= yp^/n. 


(86a) 


where 


V = effective  path  power  gain  (y  « 1) . 
For  the  average-limited  amplifier  this  SNR  is 


(86b) 


K' 


S/N 


2 

ya  P 


2 2 
N (at  b ) 


(87) 


so  that  the  SNR  suppression  may  be  defined  by 


S/N 


ks/n 

ks/n 


2 ,2 

a + b 


2 

a 


r 


(88) 


For  certain  receiver  cir  rtry  calculations  (to  be  discussed 
subsequently)  we  will  be  more  jncerned  with  the  ratios  of  sig- 
nal and  interference  to  peak  available  output.  For  those 
analyses  we  will  use  the  factors 


and 


P /P 
S 


.(«cn 

\ — - $ 

(90) 
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These  are  not  measured  relative  to  the  values  that  would  exist 
in  a linear  average-power  limited  device. 

2. 2. 2. 2. 4 Summary  of  Relevant  Formulas 

It  may  be  helpful  to  collect  all  of  the  relevant  formulas 
in  one  place  here.  We  have  defined  a drive-dependent  voltage 
gain  G that  must  satisfy 

H 


pG (p ) £ P\ 


(91) 


The  input  envelope  p is  given  in  terms  of  the  relative  phase  of 
jamming  and  signal  as 


p (x)  = [a2+  2abcos(x)  + b2] 2. 
The  output  signal  power  is  given  by 

2 


where 


Ps  = (a  gQ  + h b g±) 


>o=^j  srp(x)]  dx, 

~TT 


(92) 


(93) 


(94a) 


gl  = TT 


G[p (x) ] cos (x)  dx. 


(94b) 


-TT 


The  total  output  power  is 


TT 

PT  = 2^  I Gi"p(x)J}2dx, 

-TT 


(95) 


and  the  interference  (or  jamming)  component  of  this  is  given  by 


P = Pm  - P . 
J T S 


(96) 
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The  three  suppression  factors  are 


2 2 Po 

a + b S 


S/N 


(97) 


‘s/p = Vp' 


(98a) 


and 


‘j/p  = Vp- 


(98b) 


In  all  of  the  expressions  the  numbers  a and  b are  the  signal 

and  jamming  amplitudes, 

2 2 
a = S,  b = J. 


(99) 


2.2.2. 3 The  Saturating  Amplifier 

A reasonably  good  model  for  a "soft"  limiter  is  provided 
by  the  saturating  amplifier: 

G (r)  = C,  0 £ r £ r 

c 

rG(r)  = Cr  , r a r 
o o 

That  is,  G ( , provides  constant  gain  below  the  threshold  r^, 
and  constant  output  amplitude  above  it.  In  order  to  satisfy 
the  peak  power  constraint,  C and  rQ  must  be  related  by 


(100) 


Cr  = P . 
o 

It  is  useful  to  take  the  input  saturation  level  rQ  as  the  in- 
dependent variable  in  this  equation  and  consequently  to  redefine 
G as 


(101) 


G(r)  = 


P2/r  , 0 £ r £ r 

o o 

P^/r  , r ^ r 


(102) 
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2 . 2 . 2 . 3 . 1 Ana lysis 
Since 

| a - b | £ p (x)  £ a + b, 

the  analysis  falls  naturally  into  three  separate  cases: 

Case  I : r s a + b (103a) 

o 

Case  II  : I a-b I £ r ^ a+b  (103b) 

1 1 o 

Case  III  : r £ |a-b|  . (103c) 

o 1 


2. 2. 2. 3. 1.1  Case  I 

Although  this  case  can  be  analyzed  using  trivial  arithmetic, 
it  is  useful  to  use  the  formulas  of  Eqs.  ( 92)  - ( 99)  to  set  the  stage 
for  the  more  difficult  cases.  Since 

r ^ a + b 2 p (x) , (104) 

o 

G is  given  by  the  single  expression 

G(r)  = pVr  . (105) 

o 


Substitution  of  this  in  Eqs. (94a)  and  (94b)  yields 


H , 

g = P2/r  , 
o o 

gx  = 0, 


so  that,  from  Eq. (94a), 


„ 2n/  2 
Ps  - a P/ro 


The  total  power.-  from  Eq.(95),  is 


(106a) 

(106b) 


(107) 


P 


T 


_1_ 

2n 


f ra^+  2ab  cos(x)  + b^]dx 

J z 
-tt  r 

o 
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_ a2+  b2 

PT  2 P* 
r 

o 

The  interference  component,  from  Eq. (96),  is 


(108) 


2 2 

PT  = Pm  - P„  = b P/r  . 
J T S o 


(109) 


The  suppression  factors  are  then 


2 2 P 2 2 

a + b s a + b 


Since 


‘s/P  = a2/ro' 


,2  / 2 

'j/P  - b /ro  • 


2 2 
r a (a  + b)  , 
o 


Eq.  (110)  shows  that 


(112) 


2 2 

. , a + b 

US/N  2 2 

/ a + 2ab  + b 


< 1 unless  a = 0 or  b = 0.  (113) 


Thus  the  signal  power  is  suppressed  from  the  level  achievable 
in  an  ideal  average-power-limited  amplifier. 

2 . 2 . 2 . 3 . 1 . 2 Case  II 
We  now  have 


Min  p (x)  = la-b|£  r^  £ a+b  = Max  p (x) 


(114) 


Let  us  first  use  the  identity 


cos(x)  = 1-2  sin  (x/2) 
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to  rewrite  Eq. (92)  as 


2 2 2 
p (x)  = (a+t>)  - 4ab  sin  (x/2)  . 

We  now  define  the  elliptic  parameter  m by 

4ab 


m = 


2 ' 


(a+b) ' 

in  terms  of  which  p can  be  written  as 


p(x)  - (a+b)  [1  - m sin2  (x/2)]2. 

When  |xj  is  small  p exceeds  the  clipping  level  r , and, 
versely,  when  |x!  is  near  rr,p  is  in  the  linear  region, 
fine  the  breakpoint  between  these  regions  by  x^,  which 
implicitly  by 

2 U 

rQ  = p (xq)  = (a+b) Cl  - m sin  (x/2)]2, 
or  explicitly  by 

x = 2 arc  sin  /—  f*l  - ( — — t) 
o */  m >.  \a  + b/  _ 


We  then  have 


. 2 


GTp(x)]  = Tl-rn  sin  (x/2)]  2,  0 £ |x|s  x 


G[p(x)]  = 

o 


, X £ X £ rr. 
O 1 


The  three  constants  to  be  determined  are  then 

A 


>0  = £ J 

|x|^X 


ri-m  sin2  (x/2)]  ^dx 


_±_  r P 

2n  J — dx; 

X -S  I X I STT  ° 

O 1 1 


(115) 

(116) 

(117) 

con- 
We  de- 
ls given 

(118a) 

(118b) 

, (119a) 

(119b) 

(120) 
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k 


1 f P cos(x)  r,  . 2, 

91  = ^ J a+b  [1'm  sln  W2n  dx 

|x|s  x 


1 P P 

+ ~ — cos  (x)  dx; 

n ^ i J i r 


x £ I x [ £tt  o 
o 


= ~ f 

2tt  J 


P dx 


X £X 

r 


+ ~ J ^ - U-m  sin2(x/2)]dx. 


X ^ X hSTT  O 

o 

The  third  expression  is  a simple  trigonometric  integral  which 
can  be  evaluated  as 


P x , .2 

~r  - ~ + “ — T~  r (l-m/2) (n-x  ) - (m/2)  sin(x  )]. 

2 TT  2 O O 

nr 

o 

The  first  two  expressions  can  be  partially  evaluated  to  yield 

x 


g /p2  = 
o 


. TT-X  - 

k ° +1 


r 


dx 


TTr  tt  ( a+b ) J ri  .2  , . 

o o [ 1-m  sm  (x/2)J 


and 


, sin(x  ) 
H o 


g ./2P  = 

31  nr 


x 

Tc 


cos  x dx 


n(a+b)  J ri  . 2 , n 

0 |l-m  sm  (x/2 ) J 


The  integrals  in  Eqs.  (124)  and  (125)  can  be  evaluated  in 
of  incomplete  elliptic  integrals.  However,  for  purposes  of 
numerical  calculations  on  a computer  it  is  more  efficient  to 


(121) 


(122) 


(123) 


(124) 


(125) 

terms 
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evaluate  these  integrals  directly  on  the  computer  by  any  standard 
integration  algorithm. 


2. 2. 2. 3. 1.3  Case  III 
In  this  case 


r ^ a-b  = Mxn  p (x) , 
o 

x 


(126) 


so  that  G is  given  by  Eq.  (89a)  with 


x = tt. 
o 


(127) 


If  we  substitute  this  value  of  x in  Eqs.  (123)- (125)  we  arrive 

o 

at 


Pm  = P, 
T 


TT 


/pH  _ — i — r 

tt  ( a+b ) J 


dx 


(a+b)  J r . 2.  . . 
o ll-m  sxn  (x/2)J 


(128) 

(129) 


and 


gl/2P  tt  (a+b)  J 


TT 


cox  x dx 


n(a+b)  J r . 2 , 

o [1-ni  sxn  (x/2)j 


(130) 


The  integrals  can  now  be  expressed  as  complete  elliptic  integrals 
and  it  is  worthwhile  to  do  this  because  of  the  availability  of 
excellent  polynomial  approximations  for  use  on  a computer.  In 
both  of  the  last  two  expressions  we  make  the  immediate  substitu- 
tion 

x = 20 


to  obtain 


gyp*  = rTTTTT 

TT  ! 5i*n  i 


tt/2 


d0 


..  \a-rw;  ^ ,,  _ 


(1-m  sin  0) 


and 
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*/2 


cos (2^) d9 

2 h 

(1-m  sin  o) 


The  first  of  these  can  be  expressed  immediately  as  a complete 
elliptic  integral: 


<3o//p  n(a+b) 


K (m)  . 


(131) 


In  the  second  we  make  substitution 
cos(2fl)  =1-2  sin^'ft 

= (1-2/m)  + (2/m  - 2 sin^P) 

= (1-2/m)  + (2/m) (1-m  sin^0) 

to  obtain 


tt/2 


gl/2P>%  = 2!»’  J (1-,n  ^n20)'15 


n/2 

4 f ..  . 


mn(a+b) 


f 2 % 

J (1-m  sin  0)  dP. 


This  can  be  expressed  as  a combination  of  the  two  kinds  of  com- 
plete elliptic  integrals: 


g1/2p  = “ (a+b)  f (1-2/m)  K(m)  + (2/m)  E(m)]. 


(132) 


2 . 2 . 2 . 4 Threshold  Setting  in  Specific  Applications,  AGC 

Before  calculating  any  suppression  curves  it  is  necessary 
to  establish  some  probable  applications  of  soft-limiter  charac- 
teristics. 
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2 . 2 . 2 . 4 . 1 Soft-Limiting  Repeaters 

An  obvious  use  of  a saturating  amplifier  characteristic  is 
in  satellite  or  RPV  repeater  circuitry.  The  use  of  a partially- 
linear  amplifier  can  lessen  the  6 dB  signal  suppression  that 
accompanies  hard-limiting  in  the  presence  of  strong  jamming.  In 
order  to  gain  any  benefit  from  linear  amplification,  however, 
the  clipping  level  r^  must  be  set  in  accordance  with  the  input 
power  level;  equivalently  there  must  be  an  automatic  gain  con- 
trol (AGC)  prior  to  the  soft  limiter. 

Theoretically,  the  AGC  voltage  may  be  derived  either  from 
peak  power  or  from  the  average  power  or  average  envelope  of  the 
received  waveform.  Use  of  a peak- following  gain  control  makes 
the  threshold  inordinately  sensitive  to  pulsed  jamming  of  low 
average  power,  and  should  probably  never  be  used.  We  can  there- 
fore assume  some  form  of  averaging.  The  optimum  averaging 
characteristic  can  generally  be  assumed  to  yield  a threshold 
setting  of  the  general  type: 

ro  - f2  U33> 

o 

where  f ^ and  f are  arbitrary  nonlinear  functions.  A reasonable 
requirement  that  scaling  R by  the  factor  A should  scale  r^  by 
the  same  factor  leads  to  the  requirement  on  f and  f that 

T T 

f 2 J fjARMd-r]  = A f2[|  J f^Rtx)]  dr]  (134) 

o'o 

for  any  waveform  R(t).  In  particular  this  must  hold  for  any 
constant  R (t ) : 


53 


(135) 

(136) 

(137) 

(138) 

(139) 

(140a) 

(140b) 

(141) 

(142) 
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Taking  f of  both  sides  of  this  equation  we  have 

a f (Ax)  + (1-a)  f(Ay)=  f{Af  ■*Taf(x)  + (1-a,  £{y)  ] } 
or,  if  we  let 

f rAf  1 (u)  ] = h (u) , 

hTaf(x)+  (l-a)f(y)]  = af(Ax)  + (1-a)  f(Ay). 


(143) 

(144) 


Differentiating  both  sides  with  respect  to  a gives 

f (Ax)  - f (Ay) 

h'  [af  (x)  + (1-a)  f (y)  3 = - - 

which  is  independent  of  a over  0 £ a ^ 1 so  that 
h' (u)  = constant,  f(x)  £ u £ f (y) . 

Since  x and  y were  arbitrary  we  have 

h' (u)  = constant,  Min  f(x)  £ u £ Max  f(x).  (145) 

x x 

We  now  evaluate  h' (u)  in  terms  of  f to  arrive  at 

Af  rAf'.Vn . constant. 

fTf  X(u)] 

Taking  logarithms  of  both  sides  of  this  equation  we  have 

log  A + log  | f ' j^AP  *(u)J}  = log  (constant)  + logjf'j^f  ^(u)  J- 

which,  when  differentiated  again  with  respect  to  u yields 


f"  i~Af~1(u)1 


f,,rf~1(u)]f"1(u) 


.. . ,-i . . , . -l  . _ -i  • -i 

riAt  l u)  j ft  ( u ) j f ■ if  (u)  J f’Lf  (u)J 


(146) 
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If  we  write 


. . zf"(z) 

tp<z)  = 7w 


then  Eq.  (146)  can  be  rewritten  as 


cpTAf  1(u)]  = cp[f  1 (u)  ] ,Min  (f  (x)  £ u £ Max  f(x),  any  A. 


We  see  immediately  that  as  long  as  there  is  one  nonzero  value 
of  f ^ (u)  , then 

<d(z)  = constant,  ( 


zilizl.  _ r 

f (z) 

This  last  differential  equation  can  be  solved  routinely. 


We  let 


to  obtain 


v ( z ) = f 1 (c) 


V'  (z)  ^ c 

V (z)  z 


which  can  be  integrated  as 

logrv(z)]  = c log(z)  + c. 


v ( z ) = c^z  . 

This  in  turn,  upon  substitution  in  Eq.  (150)  yields 


p \Z)  = c^z 


s 2 1+c 

f(z)  = ITS  Z + C3 
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We  thus  have  arrived  at  the  most  general  form  of  Eq.(133), 
in  which  we  now  can  write 

f1(r)  = a rV  + y,  (152a) 

f.(u)  = pf  _1(u)  = (^N,1/v.  (152b) 

2 l \ a / 

If  we  substitute  these  in  Eq. (133) , we  have 

nr  1 nT  -r  !/v 

ro  = P it  i "Y  + T J-Y  + aRV{'r)3dt  ')  . (153) 

o 

or 

r = PrHTrR(T)]vdT'11/''. 

O T J 

O 

The  choice  of  an  optimum  value  of  v must  be  based  on  a 
game-theoretic  optimization  to  find  the  minimax  solution  for 
intermittent  jamming  of  variable  duty  cycle  and  fixed  peak  power. 
It  is  necessary  to  defer  this  optimization  for  the  present  time 
and  arbitrarily  select  the  value  v = 2 so  that  the  threshold 
is  set  in  terms  of  the  rms  input  envelope. 

2. 2. 2. 4. 2 Receiver  Circuitry 

A second  application  of  soft  limiting  is  in  the  processing 
circuitry  in  an  AJ  receiver  for  certain  types  of  transmission. 

A possible  modulation/detection  configuration  for  FM  transmis- 
sions is  shown  in  Fig.  5.  The  function  of  the  limiter  in  the 
receiver  is  to  prevent  the  decoder  correlations  in  the  receiver 
from  being  swamped  by  an  occasional  hit  by  a jammer  with  large 
power . 

In  this  configuration  it  is  usually  desirable  to  limit  the 
inputs  to  the  filter  bank  at  a value  slightly  above  the  expected 
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Figure  5.  FH  Transmission  Block  Diagram 


signal  amplitude  in  order  to  achieve  the  maximum  clipping  of 
strong  jammers  with  the  minimum  suppression  of  signal  in  the 
absence  of  jamming.  On  a line-of-sight  transmission  path  it 
is  usually  possible  to  derive  accurate  estimate  of  the  received 
power  at  the  input  to  a soft  limiter  by  adaptive  measurements 
based  on  the  outputs  of  the  correlation  decoder.  Thus  the  clip- 
ping level  rQ  can  b<~  assumed  to  be  set  with  reference  to  the 
signal  amplitude  a. 

It  should  be  noted  that  in  this  application  we  need  to  know 
both  the  signal  and  interference  power  at  the  limiter  output  re- 
lative to  peak  value.  This  is  particularly  true  since  an  opti- 
mized jammer  will  attempt  to  spread  his  energy  among  a number 
of  spectral  regions  that  will  yield  on  the  order  of  magnitude 
of  0 dB  J/S  ratio  at  the  limiter  input  when  a hit  occurs.  Con- 
sequently we  need  to  know  not  only  the  suppression  of  desired 
signal  but  also  that  of  the  total  non-signal  output.  These  are 
given  in  the  already-defined  notation  as 

*S/P  ■ PS/P-  (154a) 

tJ/p  = <V  Pgl/P-  ' 154b) 

2. 2. 2. 5 Outline  of  Numerical  Calculi-4- ions 

2 . 2 . 2 . 5 . 1 Cases  and  Parameters 

The  two  cases  we  will  analyze  numerically  are 

a)  the  soft-limiting  repeater 

b)  the  receiver  pre-clipper 

In  the  soft  — 1 i mi  f- i nrr  rono  afor  it-  t.ri  11  Via  apwrao./! 

clipping  level  is  set  with  reference  to  the  average  input  power 
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(155) 


according 


to  the  relation 

? 2 ? 
r = B(a  + b ') . 
o 


Tha  quantity  of  interest  in  this  case  is  the  additional 
suppression  of  signal  below  the  value  which  would  occur  in  an 
average -power- limited  amplifier?  this  was  given  in  Eq.(91)  as 


(156) 


In  the  case  of  the  receiver  pre-clipper  we  assume  the  clip- 
ping level  to  be  set  with  reference  to  the  average  input  signal 
power  according  to  the  relation 


2 

V*- 


(157) 


o 

The  quantities  of  interest  are  the  normalized  jamming  and  signal 
suppressions 


and 


(PT-  Ps)/P. 


(155a) 

(158b) 


In  Table  12  we  summarize  the  system  parameters  to  be  used 
in  the  calculations. 

2 , 2 . 2 . 5 . 2 Range  of  Parameters 

The  interesting  effects  that  arise  with  soft  limiters  all 
result  from  the  fluctuations  of  the  envelope  of  signal  and  -jam- 
ming. When  either  of  these  is  30  dB  greater  than  the  other 
the  amplitude  ripple  of  the  resultant  is  only  + 3.2%  corresponding 
to  roughly  a + 1/3  dB  variation  of  the  instantaneous  received  power . 
Since  it  is  unlikely  that  any  important  effects  occur  with  ripple 
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TABLE  12.  SYSTEM  PARAMETERS 


<V  Ps)/P 


’v  l*?  ^ ' v-i  * ^ ,?e-' v-'T.vit'1  - *ijt»’'-,’->7’-  ■'^v-*,^-',  -,->i,  «'rt Yr'w  Vv'V  f,  ~ > *■**&  '--  - *•  ' •• 


smaller  than  this  it  will  suffice  if  we  restrict  calculations 
involving  the  jamming- to-signal  ratio  to  the  range 

0.032  < b/a  < 32.  (159) 

We  next  observe  that  since  the  clipping  level  is  normalized  to 
either  a or  Va2+  b2 , we  can,  in  fact,  set  a equal  to  unity  in 
all  of  the  expressions: 

a = 1,  (160) 

2 . 

so  that  b becomes  the  input  J/S  ratio 

J/S  = b2.  (161) 

Similarly,  since  the  output  is  normalized  to  P,  we  may  take 

P = 1 (162) 

in  all  of  the  expressions. 

We  next  need  to  establish  a useful  range  of  clipping  levels 

for  the  calculations.  In  the  case  of  the  soft-limiting  repeater, 

a value  of  rQ  equal  to  twice  the  rms  envelope  will  lead  to  a 6 dB 

signal  suppression  in  the  absence  of  jamming;  clearly,  values 

of  r larger  than  this  need  not  be  considered.  There  is  no  com- 
o 

parable  natural  choice  for  a lower  end  of  the  range  of  r values. 

o 

We  will  therefore  arbitrarily  select  -10  dB  as  the  lower  limit 
for  the  ratio  of  rQ  to  the  rms  envelope. 

In  the  case  of  the  FH  receiver  preclipper,  the  primary 
function  of  the  preclipper  is  to  prevent  an  occasional  hit  by 
a randomly  hopped  jammer  from  contributing  more  to  the  correla- 
tion outputs  than  the  desired  signal.  Consequently  r will  never 

o 

be  set  higher  than  the  rms  signal  envelope  and  we  can  therefore 
restrict  the  upper  end  of  the  range  of  clipping  levels  to  0 dB. 
Again,  there  is  no  obvious  choice  for  the  lower  end  of  the  range 
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and  we  once  more  arbitrarily  select  -10  dB  for  the  value  to  be 
used  in  calculations. 

To  summarize,  the  range  of  the  clipping  parameters  B or  C 
will  be  restricted  to 

-10  dB  £ B £ 6 dB,  (16 

soft  limiting  repeater, 

-10  dB  £ C £ 0 dB  (16 

receiver  preclipper. 

2.2.2. 5. 3 Summary  of  Formulas 

It  is  helpful  to  write  the  jamming- to- s: gnal  ratio  as 

P2  = J/S,  (16 

or,  since  we  are  taking 
a = 1 

in  all  of  the  expressions,  we  must  have 
b = 3. 

The  range  of  values  of  3 is  -30  dB  :£  3 £ 30  dB.  The  remaining 
parameter  of  the  problem  is  then 

r _ clipping  level 
o rms  signal  envelope 

which  is  determined  by  either  the  parameter  C or  the  parameter 
B through  the  relations 


2 r 

B _ ( clipping  level  ^ _ o 
\rnis  input  envelope/  . - 2 


( clippmq  level  \ / 

c = ! . — t = r 

\rms  signal  envelope/  o 
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These  have  ranges 

-10  dB  £ B s 6 dB, 
-10  dB  £ C £ 0 dB. 


We  define 


R 

max 

R . = 

mm 

and  define  three 
r ^ R 


1 + 3, 

1 - (3, 
cases  by 
, Case 


o max 
R . < r < R 


mm  max 

r ^ R . , Case 


o mm 


1, 

Case  2, 

3. 


The  suppression  factors  are 


*S/H  = (1  + 9 1 PS 


lb  . = P - P 

VJ/P  T S 


*S/P  “ V 


These  in  turn  are  given  by 
Case  1 


Ps  ■ - 


Pm  = <1  + P ) P„; 


Case  2 


t (1  + B ) (n  - t) 
p = — + - — *- 

T TT  2 

nr 


- 2BsinT 


(167a) 

(167b) 

(168a) 

(168b) 

(168c) 


(169a) 

(169b) 

(169c) 


(170a) 

(170b) 

(171a) 
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rn-T-g  sinT  1 f 1+3  cosQ 


0 


nr 


n J / 2 

Oa/1+3  + 2gcos0 

where,  in  both  expressions 


? 2 
r - 3 - 1 


dP 


r = arc  cos 


Case  3 


P„  = 


P„  = 


1, 

i 

(f  + pP  ) 

\ o 1/ 


with 


F = 


rr*  K(m)  / 


o (l+g)n 

F1  = '(j^p)n  [(1“2/m)  K^m)  + (2/m)  E(m)] 

with  K and  E the  complete  elliptic  integrals  and 
43 


m = 


(1+3) 


2 * 


(171b) 


(I7lc) 

(172a) 

(172b) 

(172c) 
(17  2d) 

(17  2e) 


The  formulas  used  for  numerical  calculation  of  the  elliptic 
integrals  are  those  given  in  Eqs.  (17.2.18),  (17.3.33),  and 
(17.3.35)  of  Abramowitz  and  Stegun  [ 1 3 . 


2. 2. 2. 6 Special  Cases  and  Asymptotic  Values 

It  is  useful  to  supplement  the  range  of  the  calculated  data 
by  asymptotic  expressions  valid  for  large  and  small  J/S  ratio, 
and  also  to  include  closed- form  calculations  for  J = S. 
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2. 2. 2. 6.1  Equal  Jamming  and  Signal  Power 

For  the  case  of  equal  jamming  aid  signal  powers,  we  have 

a = b = 1 (173) 

so  that  Eq. (92)  becomes 


p (x) [2  + 2 cos  x] 2 = 2 | cos  x/2 | . 


(174) 


If  we  define 


g = a gQ  + % b g1  = gQ 


+ k 


5 


then 


ps  = g , 


and  g is  given  by 


i r" 

9 = 2tt  J (1  + cos  x)  G[p(x)], 

-17 


while  PT  is,  as  before 


TT 


PT  = 2tt  J G tp  (x)  3 }2  dx. 

-TT 


(175a) 


(175b) 


(176) 


(177) 


Note  that  we  can  drop  the  magnitude  signs  in  Eq. (174)  for  the 
range  of  values  of  x in  the  integral.  We  now  substitute 


G(r)  = 


1/r  , 0 £ r £ 
o 

1/r,  r s r 


(178) 


to  obtain 


Gfp(x)]  = 


2cos (x/2) 


, 0 £ | x | ^ 2 arc  cos (r  /2)  (179a) 

o 


G[p  (x)  ] = 1/r  , 2 arc  cos(r  /2)  £ |x|  £ rr. 


(179b) 
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where  we  interpret  the  arc  cosine  as 

arc  cos (r  /2)  = 0,  if  r a 2 
° o 

for  arguir  its  outside  the  usual  range  of  definition. 

We  can  now  substitute  this  value  for  G in  Eqs.  (1?6)  and 
(177).  Both  integrals  are  symmetric  about  x = 0 so  that  we  need 
only  include  half  of  the  range;  furthermore,  the  expressions 
simplify  by  changing  the  variable  of  integration  to 

y = x/2. 


We  then  obtain 


tt/2 


PT  vt  J Qfp(2y)}2dy, 

o 

tt/2 

g = n J cos2y  G^P (2y)]  dy. 


or,  with 


y = arc  cos  (r  /2) 

W O 


_o 


t/2 


PT  n I dy  + n I ~OS2  (V)  dy,  r * 2 
° cos  (v  ) ° 

y_  -o 


and 


tt/2 


9 = n J cos(y>*y + f J ay, 

o 


r £ 2 . 
o 


(180a) 


(180b) 


(181) 


(182a) 


(182b) 
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These  can  be  evaluated  immediately  as 


For  : 
that 

and 


case 


% (tt/2  - y ) - h sin  (2y  ) 


P_  = - i y + 
T tt  i_  O 


cos  (y  ) 


— 1 , r * 2 (183a) 

J o 


g - | [sin(yo)  + 


% (tt/2  - y ) - k sin  (2y  ) 


-Q. 

cos(y  ) 
o 


~”1, r , 2. 

J O 


(183b) 


: > 2,  the  input  waveform  is  always  in  the  linear  region  so 


K/ss  - 2/r  = 1/B,  B * 2 

fc/M  o 


(184) 


1/C,  C ^ 4 


(185) 


Tables  13  and  14  give  the  suppression  factors  for  this  special 
of  S = J. 


TABUS  13.  SUPPRESSION  FACTOR  FOR  S/J  = 0 DB 
SOFT-LIMITING  REPEATER 


Clip  Level 

VS/N 

dB 

dB 

-10 

-0.99 

- 9 

-1.00 

- 8 

-1.03 

- 7 

-1.06 

- 6 

-1.10 

_ r 

-1.15 

- 4 

_1  01 
a. 

- 3 

-1.20 

- 2 

-1.41 

- 1 

-1.55 

0 

-1.74 

1 

-2.00 

2 

-2.38 

3 

-3.00 

4 

-4.00 

5 

1 

ui 

• 

o 

o 

6 

-6.00 
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TABLE  14.  SUPPRESSION  FACTOR  FOR  S/J  = 0 DB 
RECEIVER  PRECLIPPER 


Clip  Level 

\<3/P 

if 

* J/P 

dB 

dB 

dB 

-10 

-3.96 

-2.75 

- 9 

-3.97 

-2.81 

- 8 

-3.98 

-2.88 

- 7 

-4.00 

-2.96 

- 6 

-4.01 

-3.04 

- 5 

-4.04 

-3.14 

- 4 

-4.07 

-3.25 

- 3 

-4.11 

-3.38 

- 2 

••4.16 

-3.52 

- 1 

-4.22 

-3.68 

0 

-4.31 

-3.86 

2 Asymptotic 

Values  for 

Small  J/S 

For  small  values  of  J/S  we  can  rewrite  Eq. (62) , for  a = 1, 
as 

p (x)  « 1 + b cos  x + h b2-  h b2  cos2x  + 0(b3),  (186) 


If  the  clipping  ratio  B or  C is  larger  than  unity  we  then  have 
the  linear  amplification  case,  and  if  B or  C is  smaller  than 
unity  we  have  the  hard  limiting  case.  In  the  former  situation, 
the  signal  output  is 

f ?s  ~ i/r  2 = 1/B  ojl  i/C  1 
As  b - 0(  /if  B > 1 or  C>1. 

^P  - b /r  1 = J/BS  or  J/CS J 


(187) 


If  the  reverse  inequality  holds,  we  have 

GTp  (x)  ] ~ 1/p  (x)  , r <1, 

o 


(188) 
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so  that 


P 


T 


= 1, 


and 


(189) 


V h bg^ 


f 


1 + kcos  (x) 


2tt  j 


dx. 


(190) 


-tt  l + bcos(x)  + % b sin'  x + O(b') 


The  small-b  approximation  permits  tnis  integral  to  be  written  as 


lpn  » 2222  3 

g + % bg  » — . (l  + bcosx)Cl-  bcosx  + b cos  x - -j  b sin  x + 0(b  )]dv 

O x J 

O 


which  can  be  evaluated  immediately  as 


go  + ^ bgL  « ! - % b , 


so  that 


(191) 


P 85  1 - *2  b = 1 - J/S,  B s l or  C < 1 \ 

O 


Pj  « H J/s  . 


(192a) 

(192b) 


(It  should  be  pointed  out  that  only  half  of  the  power  represented 
by  Pj  appears  at  the  original  jamming  frequency.) 

The  remaining  possibility  to  be  considered  is  that  B or  C is 
unity.  In  these  two  cases  we  have 


r 

. 2 h 

= ru  + b ) if  b 

= 

(193) 

o 

The  first  of 

i . . . 

Vi  j l L. 

these  expressions 

. I 
- i J 

can  be 

approximated  as 

r 

o 

2 4 

« 1 + *2  b + 0{b  ) 

if  3 = 

1. 

(194) 

From  Eq.  (186)  we  see  that  for  either  of  the  cases,  clipping  oc- 
curs for  almost  exactly  half  of  each  jamming  cycle.  It  introduces 
no  significant  error  to  take  this  to  be  true  with  equality  and 
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therefore  obtain 


n/2 


lp  , .If  „ (1  + 3b  cos  x + b ) 

) « — dx  + — dx  

T tt  J tt  J . . , 2 

V2  1 T b 


(195) 


o 


t/2 


g + H bg..  » — f 
ro  1 rr  J 


1 + b cos  x 


2 2 3 

I + bcos x + % b sin  x + 0(b  ) 


dx 


TT 


+ A f i±_+_b.£2£_*i  ax. 


TT  i!  , i ,2 

n/2  1 + 15  b 


(196) 


These  integrals  can  be  evaluated  (using  the  usual  small  b approxi- 
mations where  necessary  to  obtain 


T 


1 - (2/ it)  b + 0(b  ) 


(197) 


go  + H bg^  « 1 - ( 1/ tt ) b - (3/8)b  , 

P * 1 - ( 2/rr ) b + (I A2-  3/4)  h2 , 
b 

P_  ~ (3/4  - .LA2)b2/ 

J 


(198) 

(199) 

(200) 


We  rhus  arrive  at  the  final  formulas  for  suppression  ratios 
in  the  small  J/S  case? 


-4 

S/P  ' S/*? 


J/p  " \ 


J*  *5  J/S 


1 , B * 1 or  C s:  1 

1/B  or  1/0;  E > 1 or  C > i. 


, B < 1 or  C < 1 


as  J/S  - 0; 
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(3/4  - 1/n  )j/s  , B - 1 cr  C - l / as  J/S 
J/BS  or  J/CS  , B > 1 , C > 1. 


<:  ...  ri . 


/ ’>  p.  *> 


2 . 2 . 2 - 6 . 3 Asymptotic  Values  for  Large  J/S 


For  large  J/S,  Eq.  (92)  becomes,  for  a = 1, 

p (x)  = + b ^cos  x + *5  b2  sin  x + 0(b  2)  (203) 

For  any  fixed  value  of  C,  the  receiver  preclipper  is  always 
ultimately  in  the  hard-limiting  situation  as  b - We  therefore 
have 


PT  = 1,  sufficiently  large  b,  any  C, 


(204) 


and 


. , If 

+ H 9i  “ ; J 


1 + b cos  x 


— 1 -2  2 
o b[l  + b cos  x t-  H b sin  x] 


~ — dx. 


(205) 


This  latter  integral  simplifies  to 


1 C T”  1 -jr  — 2 2 — 2 2 n 

g + Jj  g^w  — j jcosx  + b |l*-b  cos x-^b  sin  x + b cos  x Jd> 


which  can  be  evaluated  as 


g + *5  g^  « b ^ + 0(b  ^) , (206) 

which  yields 

P„~  \ b 2 = h S/J,  as  J/S  - any  C (207) 

and 

P - 1.  as  J/S  - ®,  any  C.  (203) 

J 

In  this  case  of  the  soft-limiting  repeater,  the  exact  same  result 
holds  for  all  B •'  1.  We  thus  have 


"7  > 


^TS  T..':  ’ 


P - 1 

T 


Pg  ~ k S/J  > as  J/S  - if  B < 1. 


Ps-1 


(209) 


B > 1 

then  for  sufficiently  large  values  of  B the  soft-limiting  repeater 
looks  like  a linear  amplifier  with  power  gain 

1 

B ( J+S) 


so  that 


Pm  = 1/B 
T 


Pg  = B~(S+j)  / for  sufficiently  large  J/S,  B > 1. 


4s/n  ■ 1/B  J 

Again,  we  encounter  a special  case  when 


(210) 


B = 1. 


This  leads  to  the  threshold 

r =(l-rb2)2«b  + ^bx  + 0(b'')/B 
o 


Since,  from  Eq.  (173) , 


(21)) 


p (x)  - b + cos  x + h b J'  sir. "x  r 0(b  't')  , 


V I '■  ' 


it  is  again  an  excellent  approximation  to  assume  that  limiting 
occurs  for  exactly  half  or  each  jamming  cycle.  We  then  have 
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0 


--  f dx  + - f 

n j tt  J 

o rr/2 


U n + 2b  3 cos  x •>•  b ^] 


1 + b 


.,  1 p 1 -l-  b cos  x . 1 p 

g +*59,  = 7 + - 

o 1 11  ^ -t.  i i 1 1 T*  j 

o b + cosx  + % b o 


1 ■!•  b cos  x 
b •«■  h b " 1 


Using  approximations  for  large  b where  necessary,  these  can  be 
evaluated  as 

PT  = 1 - 2/ (nb)  + 0(b~3),  (J 


'•  * S,  - ~ - JJT  + 0(b'3), 


from  which  we  find 


P =■  (9/18)lT2  + 

O 

*S/K  " !S/U) 


+ 0 (b"  J) 


J/S  - R - 1. 


It  is  helpful  to  summarize  here  the  asymptotic  formulas 
for  large  J/S: 


Ss/P  - '*  S/J'\ 

♦j/p  - 1 J 


as  J/S  -*  «,  for  any  C. 


f i/4,  B < 1 1 

j-  <J  9/16,  B = 1 1)  an  J/S  - «. 


I/B  , 3 > 1 
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2 • 2 Doppler  and  Differential  Dot 


Simulation 


2*3.1  Introduction 

In  this  section  we  discuss  the  processing  of  Doppler 
and  differential  Doppler  by  the  K-band  modem,  and  its  ef- 
fects on  the  CSEL  simulation,  The  reference  which  is  used  to 
describe  the  soppier  processing  is  TRW'?  Second  Interim  Technical 
Report  [ 2 ] . 

The  basic  problem  is  as  follows.  The  K band  uplink 

5 

from  the  ABNCP  to  the  satellite  utilizes  wideband  frequency 
heppirg,  at  a center  frequency  of  38.0924  GHz  for  LES-9,  and 
36.7876  GHz  for  LES-8.  Assuming  a nominal  38  GHz  frequency 
for  numerical  purposes,  the  Doppler  shift  on  the  nominal  uplink 


signs x is 


v 9 

f _ = - 38  x 10  , 

d c 


(218) 


where  v is  the  radial  velocity  between  the  ABNCP  and  the  satellite. 
If  we  denote  the  frequency-hop  bandwidth  by  B Hz,  then  the  maximum 
and  minimum  Doppler  shifts  on  the  transmitted  signal  are 


" (38  x 109  + -■) 


^d  . 
man 


\T  Q r* 

~ (38  x 10 
c 


(220) 
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and  the  differential  Doppler  shift  between  the  top  and  bottom 
of  the  transmitted  spectrum  is 


f diff 


(221) 


independent  of  the  carrier  frequency.  Assuming  v to  be  equal  to 
1000  fps,  v/c  = 10  and 


f , = 38  kHz. 

d 


(222) 


As  the  maximum  frequency  error  allowed  in  the  signal  received  by 
the  satellite  is  20  Hz,  the  transmitted  symbols  have  to  be  frequency 
corrected  to  remove  the  effects  of  differential  Doppler.  " In  the 
modern,  frequency  control  is  effected  by  adding  or  subtracting  cor- 
rections to  the  frequency  command  words  supplied  to  the  frequency 
synthesizer.  The  frequency  corrections  include  frequency  hopping 
differential  Doppler  compensation  ....  are  performed  in  software 
by  the  1602  Rugged  Nova"  [Ref.  2,  p.  2-7  j. 

We  thus  have  the  situation  wherein  the  transmitted  signal  is 
pre-corrected  for  Doppler,  so  that  there  is  effectively  no  Doppler 
on  the  signal  received  by  the  satellite.  However,  in  the  simula- 
tion, since  there  is  no  path  ienqth  change  there  is  no  Doppler 
shift,  and  pre-correction  will  actually  cause  a significant  fre- 
quency error  in  the  ircu la  ted  signal  received  by  the  satellite, 
we  must  therefore  determine  a meaningful  frequency  shift  to  be 
put  on  the  modem  which  will  simulate  the  combined  effects  of  the 
pre- correction  for  Doppler  and  the  Doppler  shift  in  a real  trans- 
mission . 
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2.3.2  Doppler  Processing  in  the  Modem 


The  Doppler  measurement  is  performed  on  a down-link  signal 
which  has  been  mixed  to  a 20  MHz  intermediate  frequency.  A des- 
cription of  the  processing,  as  taken  from  [Ref.  2,  p.  3-107] 
is  as  follows. 

"A  detailed  block  diagram  of  the  Doppler  frequency 
counter  is  illustrated  in  Fig.  1.  [Note:  Our  Fig.  6].  The 
bit  synchronizer  (2-bit  flip-flop  counter)  synchronizes  the 
200  ms  gate  (up  clock)  with  the  20  MHz  reference  signal  from 
the  K-band  terminal. 

When  the  bit  synchronizer  is  activated,  the  22-bit 
binary  counter  is  reset  and  enabled  to  count.  A count  of 
3,970,000  is  decoded,  disables  the  22-bit  binary,  and  en- 
ables the  modulo  30,000  up/down  counter.  The  following 
activation  of  the  bit  synchronizer  causes  the  count  in  the 
up/down  counter  to  be  parallel  transferred  to  the  holding 
register  for  output  to  the  CPU  on  each  5 ms  tick  of  the  up- 
link clock.  The  output  count  of  the  up/down  counter  repre- 
sents the  Doppler  frequency  shift.  The  LSB  of  this  counter 

14 

represents  5 Hz  and  the  MSB  represents  40,960  Hz  (5x2  bits). 
The  16th  bit  of  the  count  is  a sign  bit.  The  Doppler  fre- 
quency count  is  accurate  to  +5  Hz." 

The  mathematical  representation  of  this  processing  is  straight- 

r. 

forward.  Det  the  20  MHz  reference  actually  be  at  20  x 10u+  f^  Hz, 
where  is  the  Doppler  shift.  It  will  take  T seconds  to  reach  a 
count  of  3,970,000,  given  by 

(20  x 10&  + f ) T = 3.97  x 106.  <223) 

a 
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Therefore,  in  the  remaining  0.2  - T seconds,  a count  of 

/*  n 

(0.2  - T) (20  x 10  + f J =30+10  + 0.2  f,  (224) 

d d 

will  accumulate,  which,  when  taken  Mod  30,000,  is  equal  to  0.2  f . 
Thus  the  resolution  of  this  technique  is  5 Hz. 


Once  the  Doppler  shift  is  measured,  the  software  computes 

A 

an  estimate  to  v/c,  denoted  by  j3,  using  the  basic  relation; 


A 

6 


:Vf 


received 


(225) 


where  f , is  the  receiver  tuning  frequencv  from  which  the 

received  A 

20  MHz  IF  signal  was  converted,  and  f^  is  the  estimated  value  of 
f^  resulting  from  the  instrumentation  of  Fig.  1.  Then,  if  f^  is 
the  minimum  uplink  frequency,  and  is  the  hopping  frequency, 
relative  to  the  minimum  uplink  frequency,  the  software  computes 


(226) 


the  total  Doppler  frequency  shift  of  the  transmitted  signal. 

The  frequency  synthesizer  used  by  the  modem  to  provide  the 
hopped  carrier  is  a GR  1061.  The  output  of  the  synthesizer  is 
multiplied  by  16  in  the  modulator,  so  that  the  nominal  carrier 
frequency  becomes  700  MHz;  the  synthesizer  output  ranges  from 
40  MHz  to  50  MHz  in  order  to  accommodate  the  hopping.  The  soft- 
ware commands  the  synthesizer  to  the  frequency 

40.55  x 10°  + R{[fh-  8 ( f u + fh)]/16},  227) 

where  1 indicates  the  rounding  off  of  the  frequency  command 
t'C  the  nearest  0.1  Hz,  based  on  the  value  of  the  0.01  Hz  digit. 
The  synthesizer  is  actually  commanded  from  the  computer  by  a 
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32  bit  BCD  word  in  0.1  Hz  increments,  resulting  in  a 1.6  Hz  re- 
solution in  the  transmitted  frequency. 

After  multiplying  by  16  and  translating  to  K band,  the  fre- 
quency  of  the  transmitted  signal  is 

fu  + 16  • R {[fh  - 0(fu  + fh)]/16},  (228) 

and  the  frequency  received  by  the  satellite  is 

(1  + 0)[fu  + 16  , R{[fh  - B(fu  + fh)]/16j].  (229) 

If  roundoff  could  be  neglected,  Eq.  (12)  would  be 

(1  + B)[fu  + fh  - 8(fu  + f^]  * (fu  + f^)  (1  + « - P - BP) 

= (f  + £.  ) (1  + P - 8)  . (230) 
u n 

Equation  (230)  shows  that  in  the  absence  of  roundoff,  and  if 

A a 

3-0,  the  differential  Doppler  compensation  is  as  desired.  We 
next  consider  the  simulation  of  Doppler  compensation. 

2.3.3  Doppler  Compensation  Simulation 

Equation  (228)  shows  that  Doppler  compensation  is  dependent  on 
two  factors,  namely  the  ratio  of  estimated  range  rate  to  the  speed 
of  light,  §,  and  the  effects  of  roundoff.  A valid  simulation  of 
Doppler  compensation  would  put,  on  each  transmitted  symbol,  a 
Doppler  compensation  error  given  by 

Dopper  Compensation  Error  = f u + f^  - Eq.  (229) . (231) 
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Step 


Step 


Step 


Thi - is  implemented  by  the  following  3-step  process. 


1.  Estimation  of  p 

].  Select  freceived'  t^ie  RF  frequency  used  for  Doppler 
estimation. 

2.  Select  R,  the  normalized  range  rate. 

3.  Form  20  MHz  + 0 freceived*  This  can  be  implemented  by 
controlling  a frequency  synthesizer  either  manually  or 
through  CSEL. 

4.  Implement,  either  in  hardware  or  accurate  software,  the 
Doppler  measurement  loop  of  Fig.  6.  Estimate  f, . 

5.  Compute  0 = Fd/Freceived * 

2 . Estimation  of  Doppler  Compensation  Error 

1.  Using  0 from  Step  1,  program  CSEL  to  evaluate  Eq.  (229) 
for  each  transmitted  symbol.  The  roundoff  should  be 
included . 

2.  Compute  the  Doppler  compensation  error  for  each  trans- 
mitted symbol  given  by  Eq.(231). 

3 . Inclusion  of  Doppler  Compensation  Error 

1.  Add  to  the  frequency  of  each  transmitted  symbol  the 
frequency  error  of  Step  2. 


2 .4  Repeater  Jamming 


Jammer  strategies  for  the  TRW  Spread  Spectrum  Modem-Processor 
(SSMP)  have  been  describe  and  evaluated  in  other  studies.  Here 
we  consider  a jammer  technique  known  as  repeater  jamming.  We 
describe  what  is  meant  by  repeater  jamming  and  how  the  jamming 
signal  may  be  generated.  We  determine  the  appropriate  signal 
decision  statistic  taking  into  account  the  effects  of  matched 
filtering,  limiting,  random  frequency  and  random  phase.  We 
evaluate  the  probability  of  decision  error  for  the  particular 
jamming  signal.  An  analysis  is  also  included  which  describes 
the  effect  of  partial  chip  jamming  when  the  jamming  time  is  com- 
pletely known  and  when  it  is  unknown.  Several  strategies  are 
discussed  for  the  case  of  unknown  jamming  time.  The  analyses 
demonstrate  that  repeater  jamming  is  in  general  more  efficient 
than  random  noise. 

2.4.1  Introduction 

This  section  considers  the  effects  of  repeater  jamming. 

It  is  well  known  that  the  most  successful  jamming  occurs  when 
the  jamming  signal  is  of  the  same  format  as  the  desired  data 
signal.  We  therefore  consider  the  case  where  the  repeater 
jammer  consists  of  a set  of  equal  strength  tones  with  spacing, 
fQ,  equal  to  the  data  frequency  spacing  and  with  some  total 
width  large  enough  to  cover  all  possible  Doppler  shifts. 

It  is  recognized  that  such  a jamming  signal  has  a non-constant 
amplitude  which  may  be  undesirable  from  the  point  of  view  of  jam- 
mer final  power  amplifier;  but  more  important,  from  the  point  of 
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view  of  performance  analysis,  limiter  signal  suppression  will  not 
be  optimum.  It  will  be  shown  that  che  desired  signal  can  be  pro- 
duced by  using  a periodic  linear  FM  signal  which  has  a constant 
amr  '.itude. 

The  repeater  jammer  operates  in  the  following  fashion.  The 
desired  signal  comes  on  the  air  on  some  frequency-hopped  center 
frequency.  The  signal  appears  in  one  of  M frequency  cells  within 
thio  frequency-hopped  band.  The  band  is  actually  q + M fre- 
quency cells  wide  where  q is  a non-negative  integer.  The  re- 
peater jammer  estimates  the  frequency-hopped  band  ‘and  begins 
transmission  of  jamming  tones.  If  signal  transmission  began  at 
time  t = 0 then  the  jammer  power  appears  in  the  receiver  at 
time  t = tj.  This  time  delay  is  due  to  the  frequency  estimation 
procedure  as  well  as  to  the  path  delay  between  the  desired  signal 
transmitter  and  jammer  and  between  the  jammer  and  receiver. 

The  jammer  bandwidth  must  cover  the  full  range  of  Doppler 

shift  in  order  to  guarantee  jammer/signal  coincidence  v/ith 

probability  one.  If  the  maximum  Doppler  shift  is  B/2  Hz  then 

the  jammer  bandwidth  is  B Hz.  The  desired  signal  has  duration 

T seconds  and  the  tone  spacing  is  then  taken  as  £ - 1/T  Kz.  The 

o 

jammer  tone  spacing  is  also  f Hz. 

o 

If  the  jammer  has  bandwidth  less  than  B Hz  then  trie  probability 
of  landing  in  the  limiter  bandwidth  is  less  than  one.  For 
example,  if  the  jammer  bandwidth  is  W = B/4  and  if  the  jammer 

J 

continually  steps  his  signal  over  the  total  bandwidth  B,  then  on 
the  average  the  jammer  appears  in  the  limiter  with  a 0.25  proba- 
bility. The  jammer  is  less  effective,  but  may  choose  to 

1)  Concentrate  more  power  in  the  smaller  bandwidth 

2)  Transmit  less  power  overall. 
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An  optimum  jammer  bandwidth  and  power  versus  decision  error  pro- 
bability exists.  In  this  section,  we  address  the  full  bandwidth 
jammer  problem. 

Two  random  occurrences  must  be  considered  in  the  analysis. 

First,  due  to  the  unknown  Doppler  shift  the  jammer  will  appear  on 
a random  frequency  within  each  frequency  cell.  Second,  there  will  be 
a random  phase  associated  with  the  jammer  with  respect  to  the  de- 
sired signal.  In  the  absence  of  additive  noise,  an  error  will 
never  occur  when  the  jammer  tone  amplitude  is  less  than  half  of 
the  signal  amplitude. 

A decision  as  to  which  one  of  the  M tones  was  transmitted 
must  be  made.  The  composite  signal  is  limited,  and  the  limiter 
output  is  matched  filtered.  The  matched  filter  outputs  from 
N consecutive  chips  are  added  together  to  form  the  decision  statis- 
tic. The  analysis  below  must  therefore  also  consider  any  suppres- 
sion effects  due  to  limiting.  The  frequency  cell  having  the  largest 
summed  output  is  chosen  as  the  transmitted  frequency. 

2.4.2  Effects  of  Random  Frequency 


A jammer  may  arrive  within  the 

where  j&ls  f /?. . We  determine 
1 o 

shift  ambiguity  6. 

We  assume  that  the  jammer 


cell  at  an^  random  frequency  f + 6 
the  degradation  due  to  the  Doppler 

signal  has  the  form 


v = J e 
J 


j2" ( fc+6 ) t 


t*  t £ T. 
J 


(232) 


Then  the  matched  filter  output,  m is  equal  to 

J 


, T - j 2rrf  t 

i r c _ 

mj  = T J V dt 

fcJ 

(T-t  ) jn6 (T+tj) 

_ j — - — e sine  tt6  > 


(233) 


where  sine  x is  defined  as 


sine  x = 


sxn  x 
x 


(234) 


and 


T = 1/f  . 
o 


(235) 


Let  us  assume  that  t„=  0.  The  most  degradation  occurs  when 

U 


6 = + f /2. 
— o 


Then  |m  ” 2J/rr  and  there  is  a 4 dB  loss  over  the  case 

U 


when  6=0  (i.e.,  no  frequency  ambiguity). 


We  therefore  can  do  the  jammer  analysis  by  at  first  ignoring 
the  random  frequency  occurrence  and  then  modifying  the  jammer 
power  by  the  appropriate  degradation  factor. 
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2.4.3  Generation _o f Jammer  Signal 


We  assume  at  the  outset  that  the  jammer  knows  his  delay  timo 
t exactly.  In  Section  2.4.5  we  assume  that  t is  completely  un- 
known.  We  are  interested  in  generating  a jammer  signal  which  has 
a uniform  paver  spectrum  made  up  of  equispaced  lines  with  the 
total  bandwidth  B and  a constant  envelope.  Since  B is  large  in 
our  case,  we  can  accomplish  this  by  using  periodic  linear  FM. 

We  have  several  choices  of  signal  generation.  In  all  but 

Case  3 the  jammer  will  be  on  the  air  (T-t  ) seconds.  The  linear 

J 

FM  signal  may  repeat  every 


1)  T/R  seconds .where  T is  the  chip  duration  and  R is  the 
number  of  repeats  per  chip  interval.  This  guarantees 
a sweep  over  B Hz  for  all  repeats,  except  in  general 
the  last  repeat,  when  the  instantaneous  frequency  is 
B Hz. 


2)  T seconds  and  have  an  instantaneous  frequency  of 

B ( t— t ) / (T-t  ) Hz.  Then  B Hz  will  be  swept  once  every 


3)  T seconds  and  have  an  instantaneous  frequency  of  B Hz. 
During  the  hopped  frequency  estimation  interval  0 £ t 
< tj  the  FM  signal  would  begin  to  sweep  according  to 
the  previously  estimated  frequency ; then  at  time  tj  it 
would  switch  to  the  new  frequency. 


Figure  8 displays  the  frequency  sweep  for  Cases  1 through  3. 
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Figure  8 Several  Methods  of  Jammer  Generation 
(f  = dehopped  frequency) 
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Since  the  jammer  signal  is  periodic,  the  signal  spectrum  will 
be  a line  spectrum  which  is  most  desirable  for  jamming  an  fsk 
signal.  T.n  case  1 lines  will  be  spaced  every  R/T  = Rf^  Hz.  There- 
fore, only  1 out  of  every  R possible  frequency  bins  can  be  jammed. 
This  is  not  an  effective  jamming  procedure.  Beth  cases  2 and. 

3 have  spectra  with  lines  spaced  every  £ Hz,  which  is  what  we 
desire.  In  case  3,  there  is  no  clear  advantage  of  keeping  the 
jammer  on  during  the  t second  interval  since  it  is  most  lively 

u 

that  the  new  hopped  frequency  is  far  removed  from  the  previous  frequency 
There  is  a B/F  chance  of  jamming  where  Bis  the  jammer  bandwidth  and  F 
is  the  total  hopped  bandwidth  . 

The  jamming  signal,  will  therefore  be 


v 


j = J’  exp[j2TT{(f  + &)(t-  tJ+Bfc-  tj)  ^(T-tJJ'U^tST. 

(236) 

The  jammer  matched  filter  output  is  found  to  be  equal  to 


. 2.2 
.4tt  6 


m 


:■=  T /I  e 3 K [F{Vf  T +Vf  6 } - F{Vf  6 }]  <237> 


where 

K = ttB/(T  - tj) 

and  F [ • ] is  the  complex  Fresnel  integral. 


M = J 


4- 2 

x t 


dt . 


(238) 


(239) 


For  the  cases  of  interest  to  us  we  can  use  the  approximate  relation 


s^-*-P  F (x  + y)  - F(y)  ~ F (x) 

since  y - 6«/2tt/k  is  extremely  small. 


(240) 
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Therefore, 


21  IJL 

T ^2K 


which  is  independent  of  the  frequency  ambiguity, 6. 


(241) 


We  wish  to  choose  the  jammer  amplitude,  J' , such  that  the 
energy  density  of  the  linear  FM  is  equal  to  that  of  the  pure  tone 
jammer.  We  find  that  this  is  the  case  when 


Sill 

2B 


= j2t 


(242) 


or 


J'  = V2BT  J. 

Then  the  matched  filter  output  is  equal  to 


(243) 


l“j.l  - i F{V  *}l 


(244) 


Comparing  this  to  the  pure  tone  case  with  t - 0 we  find 

J 


Thus,  whereas  the  pure  tone  case  could  have  a 4 dB  degradation 
due  to  frequency  ambiguity,  the  linear  FM  has  no  frequency  ambi- 
guity degradation  but  does  have  a 3 dB  degradation  built  in  (for 
the  same  jammer  energy  density) . We  shall  therefore  do  our  anal- 
ysis for  the  pure  tone  case  and  no  frequency  ambiguity  and  then 
degrade  the  results  by  3 dB.  This  will  give  the  true  linear  FM 
or  pure  tone  jamming  performance. 

2.4.4  Jamming  Probability 

We  have  assumed  a frequency  hopped  MFSK  modulation  with  N 
chips  of  length  T = 1/f  seconds  to  comprise  a data  transmission. 
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After  dehcpping,  the  desired  signal  will  appear  in  one  frequency 
cell.  Jammer  noise  will  appear  in  all  frequency  cells  within  the 
limiter  bandwidth.  The  receiver  processes  the  data  by  limiting 
the  composite  signal,  matched  filtering  the  M frequency  cells, 
and  then  summing  the  energy  in  each  cell  over  N chips.  The  largest 
total  energy  corresponds  to  the  frequency  decision. 

There  will  be  (M-l)  cells  with  only  jammer  power.  The  limiter 
matched  filter  output  will  be  designated  by  m . One  ceil  will  have 
both  desired  and  jammer  power  and  its  output  will  be  designated  by 
itk  where  the  subscript  i refers  to  the  i ' th  chip.  Then  the  prob- 
ability of  deciding  the  wrong  frequency  is  given  by 


i=l 


(246) 


We  now  include  the  random  phase, cp, with  respect  to  the  desired 
signal.  The  jammer  signal  is  given  by 

(t-t  )2 

- J'  ex^2"{£c(t-V  + B Tiiir}]’  V s T 

J 

(247) 

and  the  desired  signal  is  given  by 

vs(t)  =-  S exp[j2TTfct]  ; 0 & t £ T.  (248) 

The  limiter  input  contains  v(t)  = v (t)  + v (t) . The  output  of  the 

u S 

limiter  will  contain  the  strongest  signal  plus  a suppressed  ver- 
sion of  the  weaker  signal.  We  therefore  write  the  limiter  out- 
put as 

w.  (t)  = v (t)  + 0 v (t)  (249) 

•c  j s 

where  0 is  the  suppression  (or  enhancement  factor  when  i vs t > I Vj I ) 
and  the  normalizing  constant  l/^TjvJ 2 + |vg|2  has  been  omitted  for 
simplicity.  The  value  of  0 can  be  found  in  Fig.  9,  which,  for  con- 
venience of  the  reader,  is  Fig.  1,  repeated. 
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Seven  matched  filter  outputs  contain  only  the  effects  of 
v (t)  and  give 

U 


(250) 


(T-tj) 

j . | sinC  rr6  (T-t  ) | (pure  tone) 


(251) 


The  eighth  matched  filter  output  can  be  written  as 


in.  = m + (3  S e^i . 

1 J 


Squaring  we  have 


~jcp. 


2 2 


I w»i  | = | mj | + 2£SRejmj  e 1|  + p2S 


For  the  pure  tone  case  where  in  is  real 

J 


2 , ,2 

For  the  linear  FM  case  we  have 


2 2 


|m  | = | m l + 2f3S  | m l cos  cp.  + £Ps 

x J J 1 


V 


VT-t  . 

-f~  |cvx)  + j 


'(X)} 


. 4TT262 

3 “T~ 


where 


m j 2B 

y.  = vy  — 


(252) 


(253) 


(254) 


(255) 


(256) 


and  C(x)  and  S(x)  are  the  real  and  imaginary  parts  of  the  Fresnel 
integral  F (x) . Most  of  the  time  x is  very  large  so  that 
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m 


J' 


T-fcj  • n/4) 

K—  e 


(257) 


and 


where 


m. 


|m_,  |2  + 2Psjm  | cos  cp + (32S2 
J u 1 


(258) 


CD.'  = Cp.  + 
1 1 


. 2R2 
4n  6 

K 


- n/4. 


(259) 


The  condition  for  an  error  to  occur  is  therefore 


V cos  cp  ' < - | “~T  = Y. 


-n  £ cp^ ' i tt 


(260) 


i=l  - i-Ji 

If  the  signal  to  jammer  amplitude  ratio  is  p = S/J  then 

Y = -Cp  (261) 


where 


(T-tj) 


N£ 

2C  " 


sine  rr6  (T-t_) 

J 


\ 


|(t- 


^ L (J~2 £_  T1 

T J (T-t  _)  J 


(pure  tone) 


(FM) 


(262) 


2 . 4 . 4 . 1 Probability  Density  Function 

The  probability  density  function  of  Z = v cos  cp^  must  be 
determined  to  evaluate  the  jammer  performance.  This  is  difficult 
when  N is  larger  than  2.  We  demonstrate  how  the  pdf  is  found  when 
N = 2.  We  then  state  numerical  results  which  we  obtained  for 
N = 3,4. 

Let  x •-  c.os  cp  with  p(cp-)  = l/2n,-n  < cp  < v.  Then  since 


p(x)  = 2p  (cp)  |^l 


(263) 
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it  is  easily  found  that 


P(x) 


-1  < X 


1. 


(264) 


If  we  now  desire  the  pdf  of  y where 


y = xi  + x:, 

we  have 


P(y) 


(265) 


(266) 


This  is  most  easily  evaluated  using  transform  techniques.  If 
P(u))is  the  Fourier  transform  of  p(x),  then 


P(y)  = ^ J P2((«)  e:'JJY  dm.  (267) 

m~— 00 

It  is  easy  to  show  that 

P(m)  = JQ(m)  (268) 

where  J Ou)  is  the  zero’ th  order  Bessel  function  of  the  first  kind, 
o 

Then  [Ref.  3,  Eq.  8.13.8] 

•k 

p (y)  = ~ K^j^y2)  ! y I < 2 (26V) 


where  K(x)  is  the  elliptic  integral,  equal  to 


K(x) 


r, 

I X 


/1\ .. 
■ill 
\ 2 / 


/ 1 • 3 \ 2 2 
+V2‘4/'  X 


Ol3ll\2 

V2-4-6/ 


< 1, 


(270) 
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The  desired  pdf  for 

N N/2 

z = T.  x.  = Y.  y. 
, i . , i 

1 1=1 


(271) 


p(z)  =• 


2n  J ° 
uj=— ^ 


f jf?  (u))  e^2  dw. 


(272) 


This  is  easy  to  evaluate  numerically  using  FFT  techniques  and 
impossible  to  evaluate  analytically  for  N > 2.  The  numerical  re- 
sults for  N = 3,4  are  shown  in  Figs.  10  and  11  where  the  pdf  and 
cdf  are  displayed.  Table  15  lists  the  data  for  these  figures. 

TABLE  15.  MULTIPLE  CHIP  PHASE  PROBABILITIES 


System 


0 

1/8 

1/4 

3/8 

1/2 

5/8 

3/4 

7/8 

1 

1 1/8 
1 1/4 
1 3/8 
1 1/2 
1 5/8 


v2853 

0.5000 

.2873 

.2854 

0.4632 

.2779 

.2856 

0.4275 

.2686 

.2859 

0.3918 

.2593 

.2863 

0.3560 

.2501 

.2869 

0.3202 

.2408 

.2876 

0.2843 

.2316 

.2884 

0.2483 

.2222 

.2864 

0,2122 

.2127 

.2153 

0.1824 

.2030 

.1863 

0.1575 

.1930 

.1649 

0.1356 

.1826 

.1476 

0.1162 

.1718 

.1327 

0.0987 

.1602 

0.5000 

0.4646 

0.4295 

0.3965 

0.3646 

0.3340 

0.3045 

0.2761 

0.2490 

0.2230 

0.1983 

0.1748 

0.1527 

0.1319 


TABLE  15  (cont'd) 


System 

3 Chi 

P 

4 Ch: 

LP 

-Y 

PDF 

CDF 

PDF 

CDF 

1 3/4 

.1195 

0.0830 

.1476 

0.1127 

1 7/8 

.1077 

0.0688 

.1333 

0.0952 

2 

.9677 (-1) 

0.0561 

.1137 

0.0796 

2 1/8 

. 8655 (-1) 

0.0446 

. 9478 (-1) 

0.0668 

2 1/4 

. 7681 (-1) 

0.0344 

.8173 (-1) 

0.0558 

2 3/8 

. 6738 (-1) 

0.0254 

. 7099 (-1) 

0.0463 

2 1/2 

. 5802 (-1) 

0.0176 

.6175 (-1) 

0.0380 

2 5/8 

.4846 (-1) 

0.0110 

. 5362 (-1) 

0.0308 

2 3/4 

. 3823 (-1) 

0.0056 

.4637 (-1) 

0.0246 

2 7/8 

.2615 (-1) 

0.0015 

.3982 (-1) 

0.0192 

3 

0 

o 

• 

o 

.3387 (-1) 

0.0147 

3 1/8 

. 2842  (-1) 

0.0108 

3 1/4 

. 2340 (-1) 

0.0076 

3 3/8 

.1877 (-1) 

0.0049 

3 1/2 

. 1448 (-1) 

0.0029 

3 5/8 

. 1048 (-1) 

0.0013 

3 3/4 

. 6755 (-2) 

0.0007 

3 7/8 

. 3268 (-2) 

0.0003 

4 

0 

0.0 

2 . 5 LES  8/9  Simulation  Experiments 


This  section  describes  a preliminary  sequence  of  experiments 
to  be  performed  using  the  CSEL  facility  to  simulate  and  test  the 
LES  8/9  processor  and  system.  Three  forward  link  simulation  ex- 
periments are  discussed,  the  first  being  a validation  of  the  PSP 
model  of  the  satellite  processor,  the  second  being  a testing  of 
the  downlink  simulation,  and  the  third  being  a simulation  of 
jamming  on  the  forward  uplink.  The  initial  evaluation  will  be 
performed  using  digital  computer  simulation,  as  shown  in  Figure 
F-4  of  an  internal  AFAL  report  describing  the  CSEL  facility  ("the 
CSEL  document").  We  will  first  outline  the  performance  of  tests 
based  on  this  figure,  which  is  reproduced  as  Fig.  12  of  this  section. 

2.5.1  Test  Series  1.  Forward  Link  Simulation 


The  first  test  series  is  the  forward  link  simulation,  with 
the  K-band  uplink  and  the  UHF  downlink.  It  is  assumed  that  the 
'.  and  UHF  modems  exist,  but  that  the  satellite  is  being  simulated 
by  the  PSP.  The  test  configuration  is  shown  in  Fig.  12.  We 
start  by  putting  75  bps  data  into  the  modem  processor.  This  is 
encoded  and  8 FSK  transmitted  at  K-band  through  the  K-band  terminal. 
The  AJ  protection  is  put  onto  the  transmitted  signal  by  frequency- 
hopping at  a rate  of  200  hops  per  second;  75  bps  d>  R = ~ = > 150  bps. 

8 FSK  reduces  this  to  50  symbols/sec.  Each  symbol  is  hopped  over 
four  frequencies,  resulting  in  200  frequency  hops  per  second,  or 
a duration  of  5 ms  per  frequency. 

The  K-band  transmitted  power  is  2 W,  and  the  antenna  gain  is 
51  dB . The  frequency  is  38  GHz.  The  satellite  antenna  gain  is 

42.7  dB  for  the  disc,  25  dB  for  the  horn.  The  received  power  is 


Pm  A„ 
T T R 


4n  R 


(273) 
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Figure  12.  Forward  Link 

K-Band  - UHF  Simulation 


1 m a 'A  ' 


» - w"  -g'  1 ;u 1 ■ 1 ^TP”  ' "/" — "T'3^"  *W -T 


Since: 


-10  log10(4n) 
20  log1()  R 


3 dBW 
51  dB 

2 

-28  dBm 
-11 

-151  dBm^ 


or 


PR  = -136  dBW 

-106  dBm. 


(Horn) 


R = 20  x 10  nm 


= 37  x 10  meters 


(274) 


To  this  received  power,  one  must  add  atmospheric  losses. 
Assuming  no  rain,  this  would  range  from  nearly  0 dB  for  vertical 
transmission  to  about  30  dB  for  horizontal  transmission.  If, 
for  a nominal  worst  case,  we  add  a 20  dB  propagation  loss,  the 
received  power  will  be  -126  dBm.  The  power  shown  on  Fig.  12 
at  the  satellite  processor  input  ranges  from  - 53  to  -123  dBm. 

The  lower  level,  -123  dBm,  is  in  good  agreement  with  our  estimate 
of  -126  dBm.  However,  the  -53  dBm  level  seems  unnecessarily  strong 
for  LES  8/9  simulation,  as,  in  clear  weather,  the  received  power 
would  be  -106  dBm  maximum. 


The  K band  horn  system  has  an  8 dB  noise  figure,  or  an  Nq 

of  -166  dBm/Hz.  Therefore  the  E./N  for  a 75  bit  per  second  rate 

b o 

id  then 


R 


LN 


o 


-126 


19  + 166  = +21  dB. 


t ' I -7  C \ 
\ £.  I ->  I 


This,  >t  should  be  recalled,  is  with  a 20  dB  atmospheric  loss; 
with  no  loss,  it  is  41  dB. 
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If  an  E, /N  of  0 dB  were  desired,  and  the  maximum  signal 
b o 

strength  were  -106  dBm,  then 


-106  - 19  - N 

o 

(276) 

-125  dBm/Hz, 

(277) 

which  is,  as  expected,  41  dB  above  the  receiver  noise  level. 
If  this  noise  were  spread  over  a bandwidth  of  B MHz, 


PN  = ~65  + 10  logi0  B dBm*  (278) 


The  K band  down  converter  has,  according  to  Fig.  12,  a loss  of 
about  35  dB  (the  figure  is  ambiguous,  showing  a loss  of  33  dB 
at  -20  dBm  in,  and  37  dB  at  -86  dBm  in) . Assuming  a 6 dB  combiner 
loss,  the  jammer  would  require  a maximum  output  power  of 

P_  = -65  +35+6+10  log  B 

J JLU 

max 

= -24  + 10  log10  B dBm,  (279) 

in  order  to  achieve  a 0 dB  SNR.  The  jammer  on  Fig.  12  has  an 
output  power  ranging  from  -14  to  -64  dBm.  If  this  is  not  suffi- 
cient power  to  achieve  0 dB,  at  the  standard  signal  power  level, 
then  0 dB  SNR  jamming  would  be  accomplished  by  decreasing  the  signa. 
power  at  the  processor  input  while  running  at  maximum  jamming  power . 


With  these  preliminary  power  considerations  settled,  let  us 
nnu:  consider  specific  tests  to  be  run  on  the  forward  linlc. 


can  broadly  divide  them  into  two  classes,  namely  noise  and  jam- 
ming tests,  and  acquisition  tests.  We  consider  them  in  that  order. 


) 02 


1 -w^v1 


t ' ;?^S  •»  r-ft~  A?.  -•  - »-- 


2. 5. 1.1  Noise  and  Jamming  Tests 

The  first  set  of  tests,  noise  and  jamming,  have  two  purposes. 
First,  the  performance  of  the  forward  link  is  to  be  checked  out 
against  white  Gaussian  noise,  to  validate  the  simulation  system 
and  model.  Secondly,  having  shown  the  system  and  model  to  be 
valid,  the  effects  of  various  types  of  jammers  will  be  tested 
and  compared  to  theoretical  results. 

Table  16,  taken  from  Lindsey  and  Simon  [4],  shows  the 
word  and  bit  error  probabilities  (PE  and  Pfi,  respectively)  of 
a non-coherent  8-FSK  system  using  optimum  detection.*  This  is 
a lower  bound  on  the  error  which  can  be  attained  by  the  processing 
used  in  the  satellite. 


TABLE  16.  OPTIMUM  8-FSK  ERROR  PROBABILITY: 
INCOHERENT  DETECTION 


Word  Error 
Probability 

Bit  Error 
Probability 

VHo 

(ae) 

PE 

P 

B 

0.00 

0.34075232 

0.19471561 

3.01 

0.10403854 

0.59450594  (-1) 

4.78 

0.28086227  (-1) 

0.16049273  (-1) 

6.02 

0.70613553  (-2) 

0.40350601  (-2) 

7.00 

0.16994870  (-2) 

0.97113545  (-3) 

7.78 

0.39791019  (-3) 

0.22737724  (-3) 

3.45 

0.91543186  (-4) 

0.52310392  (-4) 

9.02 

0,20826269  (-4) 

0.11900725  (-4) 

9.54 

0.47052477  (-5) 

0.26887130  (-5) 

The  error  probabilities  of  Table  B are  written  in  the  form 
O.XXX(-N),  which  is  equivalent  to  O.XXX  10“  . 
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For  8' ary  FSK,  word  and  bit  error  probability  are  related  by 

PB  ~ 7 PE'  (280) 

that  is,  the  bit  error  probability  is  4/7  the  word  error  proba- 
bility. It  should  be  noted  that  the  s ignal-to-noise  ratio  in 
Table  16  is  10  lo910 in  turn,  is  T /3,  where 
is  the  transmitted  symbol  power,  is  the  transmitted  symbol 
duration,  and  the  factor  of  3 occurs  because  there  ere  three 
bits  encoded  into  each  transmitted  symbol.  For  the  8-FSK  trans- 
mission, T = 20  ms,  corresponding  to  50  symbols/second,  while  the 
s 

bit  rate  into  the  8FSK  encoder  is  150  bits  per  second. 

To  further  complicate  the  situation,  the  unencoded  bit  rate 
at  the  transmitter  modem  input  is  75  bps,  corresponding  to  an 
input  bit  duration  T^  of  13.33  ms.  This  has  a bit  energy 
of  •‘■3  dB  relative  to  an  equal-power  20  ms,  3 bit  symbol.  We 
will  make  clear,  in  this  report,  the  exact  time  duration  being 
used  ‘n  a table  or  figure. 

The  processing  in  LES  8/9  is  not  optimum,  and  one  would  ex- 
pect the  error  rate  to  differ  from  that  of  Table  16.  Deviations 
from  optimality  include 

a)  The  matched- filters  in  the  8-FSK  receiver  are 
implemented  using  2-bit  quantization  of  both  the 
input  signal  and  the  reference  frequencies; 

b)  Hard  limiting  of  the  IF  signal; 

c)  Frequency  hopping  within  the  symbol,  which  cause 
phase  discontinuities  in  the  dehopped  signal. 

There  is  an  experimental  curve,  attributed  to  Lincoln  Laboratory, 
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of  the  bit  error  rate  as  a function  of  signal-to-Gaussian  noise 
ratio.  Three  points  from  this  curve,  shown  as  x's,  are  repro- 
duced in  Pig.  13,  along  with  the  bit  and  word  probabilities  of 
Table  16. 

2 . 5 . 1 . 1 . 1 Experiment  1.  PSP  Model  Validation 

The  first  experiment  is  to  validate  the  curves  of  Fig.  14  , 
thereby  showing  the  satellite  processor  is  being  simulated 
properly.  This  is  best  done  on  a step-by-step  basis,  in  the 
following  sequence. 

.1  . 5 . 1 . 1 . 1 . 1 Experiment  1A.  Optimum  8-FSK  V dem  Simulation 

Simulate  the  optimum  non-coherent  detector  8-FSK  modem. 

This  will  differ  from  the  LES  8/9  satellite  receiver  by 

1)  not  frequency  hopping; 

2)  not  using  the  limiter; 

3)  quantization  of  the  signal  and  the  reference 
to  at  least  6 bits. 

The  word  error  probability  of  the  PSP  should  be  measured  as 
a function  of  additive  Gaussian  noise.  'This  is  done  by  comparing 
the  FSK  frequency  commanded  at  the  modem  to  the  FSK  frequency 
decided  by  the  PSP.  The  signal-to~noise  ratio  should  be  varied 
over  the  range  0 to  +10  dB,  keeping  the  noise  constant  and  vary- 
ing the  signal  level.  The  sampling  rate  used  in  the  simulation 
should  be  the  same  as  in  the  satellite  processor,  namely  64 
samples  of  the  I and  of  the  Q process  in  a 20  ms  symbol.  The 
75  bps  data  into  the  modem  should  come  from  a suitable  digital 
test  source,  such  as  a pseudo- random  number  generator. 
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The  PSP  has  a 16  dB  noise  figuie  at  the  700  MHz  input. 

Therefore  the  noise  power  density  is  -158  dBm/Hz,  and  the 
(bit)  signal-to-noise  ratio  for  a 20  ms  symbol  is 

EL  P T 

~ = = P - 17  + 158  - 4.8 

N 3 \ s 

o > 

= P + 136  d£.  (281) 

3 

Therefore,  in  order  to  have  a 0 dB  signal-to-noise  ratio  due 
solely  to  the  PSP's  noise  figure, 

Pg  = -136  dBm.  (282) 

However,  the  PSP  is  specified  to  have  an  input  signal  range  of 

-123  to  ~f>3  dBm  with  the  result  that  a -136  dBm  signal  is  too 

weas  for  it  to  process.  It  is  therefore  necessary  to  add  external 

noise,  and  use  a stronger  signal.  If  we  add  external  noise 

which  is  equivalent  to  increasing  the  f'-ont  end  noise  by  21  dB,  0 dB 

SNR  would  be  achieved  with  a P = -115  dBm,  within  the  range  of 

s 

the  PSP,.  Therefore  the  added  noise  should  have  a density  of 

N " -137  dBm/Hz.  (283) 

The  receiver's  noise  figure  can  be  neglected  with  this  additive 
noise,  as  it  is  23  dB  above  KTF.  The  total  noise  power  is 

P ^ -77  + 10  log.,.  B dBm  (284) 

N JLU 

in  a bandwidth  of  B MHz . 

Experiment  1A  could  be  run  with  a signal  power  into  the  PSP 
ranging  from  -115  dBm,  for  a 0 d8  E^/Nq,  to  -105  dBm,  for  a +10  dB 
E.  /N  , with  the  auditive  noise  kept  constant  at  a density  of  -137 

D O 

dBm/Hz  at  the  PSP  input. 
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The  results  of  Experiment  lA  should  match  the  curve  marked 
"Optimum  Non-coherent  Detector  Word  Error  Probability",  of  Fig.13. 
However,  the  absence  of  an  AGO  or  limiter,  .night  result  in  a sig- 
nal level  out  of  the  range  of  the  A/D  converter.  If  the  experi- 
mental curve  deviates  significantly  from  the  theoretical,  consi- 
deration should  be  given  to  either  increasing  both  and  Nq  to 
get  into  the  A/D  converter's  range,  or  increasing  the  number  of 
bits  in  the  A/D  converter,  to  increase  its  dynamic  range. 

Following  Experiment  lA,  the  modeling  should  start  to  include 
the  omitted  effects  of  the  LES  8/9  satellite  processor.  As  each 
effect  is  added,  the  experimental  curves  should  be  rerun.  Once 
an  effect  is  added,  it  should  be  kept  in  the  simulation  model  for 
the  remainder  of  the  satellite  tests.  An  appropriate  test 
sequence  would  be 

2. 5. 1.1. 1.2  Experiment  IB  Limiter 

Repeat  Experiment  lA,  with  the  limiter  added  to  the  simulated 

receiver.  With  the  limiter  present,  the  error  probability  should 

be  only  a function  of  SNR,  and  not  of  the  absolute  values  of  P or 

N . This  relation  should  hold  until  the  limiter  does  not  bring 
o 

the  signal  into  the  range  of  the  A/D  converter. 

2. 5. 1.1. 1.3  Experiment  1C  Quantization 

The  purpose  of  this  is  to  show  the  change  in  error  rate  due 
to  the  use  of  2-bit  quantization  of  the  A/D  converter  and  the 
matched  filter  reference  waveform.  The  number  of  bits  used  should 
be  decreased  from  those  used  in  Experiments  lA  and  IB,  to  2 bits. 
With  the  limiter  and  2-bit  processing,  the  error  curve  should  move 
from  the  optimum  toward  the  experimental  points  shown  on  Fig.  13. 
Note  that  the  Fig.  13  curve  is  a bit  error  curve;  the  word  error 
for  an  8-FSK  system  is  7/^  the  bit  error. 
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2 . 5 . 1 . 1 . 1 . 4 Experiment  ID  Frequency-Hopping 


The  purpose  of  this  is  to  show  the  change  in  error  rate 
due  to  frequency  hopping.  This  should  be  accomplished  in  two 
steps.  First,  the  signal  should  be  hopped  at  the  transmitter 
and  de-hopped  with  zero  frequency  error  at  the  PSP.  The 
measured  error  rate  in  this  case,  as  compared  with  that  of 
Experiment  1C,  will  show  the  effects  due  to  the  phase  discon- 
tinuities in  the  four  subchips  which  make  up  a single  FSK  symbol. 
Second,  frequency  errors  should  be  introduced  in  the  de-hopping 
to  show  the  effect  of  incorrect  frequency  estimation.  The  most 
simple  error  to  put  in  is  a constant  error  independent  of  the 
transmitter  frequency.  This  error  can  be  varied  up  to  the  FSK 
frequency  separation.  A more  complicated  error  to  put  in  is  one 
which  is  a function  of  the  instantaneous  transmitted  frequency. 
This  can  be,  initially,  under  program  control  as  follows.  Asssume 
an  error  in  measuring  center- frequency  Doppler.  Let  the  center 
frequency  be  and  the  error  in  center  frequency  Doppler  be 
be  e^.  Then,  if  the  transmitted  frequency  is  f,  the  error  in 
the  received  signal  will  be 

" f efc*  (285) 

c 

This  error  can  be  programmed  into  the  PSP. 

The  error  rate  measured  in  Experiment  ID,  which  includes 
frequency  hopping,  limiting,  and  quanr ization,  should  agree 
with  the  Lincoln  Laboratory  data. 


e . 
rc 


f-f 
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Experiment  2 Downlink  Simulation 


The  result  of  Experiment  1 will  be  to  confirm  that  the  up- 
link modeling  is  correct  through  the  8' ary  FSK  detector.  A 
second  experiment  is  needed  to  verify  that  the  UHF  downlink 
modulation  is  being  properly  simulated.  To  do  this,  the  full 
forward  link  of  Fig.  12  is  used,  and  the  bit  error  rate  from 
the  modem  processor  input  to  the  UHF  demodulator  output  is 
measured. 


Figure  14,  which  is  Fig.  3.14-6  of  the  TRW  report  [2], 
shows  the  performance  curve  for  the  demodulator  decoder.  It 
plots  the  decoder  output  bit  error  probability  as  a function 
of  the  input  channel  error  probability?  the  input  channel  error 
probability  is  the  8-FSK  bit  error  probability.  Experiment  1 
will  provide  the  channel  error  rate  as  a function  of  the  E^/N^ 
for  the  transmitted  8' ary  FSK  signal.  This  can  thus  be  con- 
verted into  a predicted  bit  error  rate  at  the  output  of  the 
downlink  through  Fig.  14.  The  experiment  consists  of  the  mea- 
surement of  the  channel  error  rate,  conversion  of  this  to  a 
predicted  decoded  bit  error  rate,  and  comparison  of  the  pre- 
dicted bit  error  rate  to  the  measured  bit  error  rate. 

Figure  15  shows  two  theoretical  curves  of  bit  error  rate  out 
of  the  decoder  as  a function  of  the  8-FSK  uplink  E^/N^  The 
curves  were  generated  by  using  the  theoretical  bit  error  rate 
curve  of  Fig.  13,  with  the  decoder  curve  of  Fig.  J4  . Since 
the  Lincoln  Laboratory  experimental  points  of  Fig. 13  are  close 
to  the  theoretical,  the  measured  decoded  bit  error  rate  should 
be  close  to  the  curve  of  Fig.  15.  It  is  seen  that  the  two  curves 
are  identical  in  shape,  but  separated  by  3 dB.  The  curve  marked 
"T^  = 6.66  ms"  is  based  on  the  energy  in  the  150  bps  encoded 
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bits  which  are  transmitted  as  the  8-FSK  data,  and  correspond 

exactly  to  the  theoretical  curve  of  Figure  1.  The  curve  marked 

"T  = 13.33  ms"  is  based  on  the  energy  in  the  75  bps  data  going 
b 

into  the  transmitter  modem. 

In  this  experiment,  the  downlink  should  be  at  a high 


enough  signal-to-noise  ratio  that  the  ARC  151  receiver  noise 


does  not  cause  errors. 


2 . 5 . 1 . 1 . 3 Experiment  3 Forward  Link  Jamming  Test 


With  the  completion  of  Experiments  1 and  2,  there  should 
be  confidence  that  the  forward  link  signal  processing  functions 
of  the  satellite  are  being  properly  simulated.  The  emphasis  can 
can  then  switch  to  forward  link  jamming  and  acquisition  tests. 

We  will  consider  repeater  jamming  in  this  section. 


Repeater  jamming  can  be  used  to  reduce  the  power  required  by 
the  jammer.  In  repeater  jamming,  the  signal  radiated  by  the  trans- 
mitter is  intercepted,  and  its  frequency  estimated.  Then  a jamming 
signal  of  bandwidth  B is  transmitted,  centered  on  the  intercept 
frequency.  Since  B is  significantly  less  than  the  total  RF  band- 
width, W^,  there  is  a large  possible  saving  for  repeater  jamming 
relative  to  full-band  jamming. 


The  implementation  of  the  repeater  jamming  uses  a Hall icraf ter 
Sweeplock  receiver.  The  FSK  signal  is  20  ms  long,  and  is  transmitted 
as  a sequency  of  four  frequency  hopped  chips,  each  of  5 ms  duration. 
In  Section  2.4  we  presented  an  analysis  of  the  repeater  jammer,  and 
showed  that  a delay  of  3/5  of  a chip  would  decrease  the  jammer  ef- 
fectiveness by  1/ (1-0 .6} , or  8 dB  relative  to  full-chip  jamming; 
this  would  still  be  in  the  order  of  11  dB  more  effective  than  full- 
band  jamming.  The  first  repeater  jamming  experiment  will  be  to  test 
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the  efficiency  of  repeater  jamming.  With  the  signal  level  of 

the  desired  signal  set  at  a nominal  value,  such  as  -113  dBm, 

the  jammer  level  can  be  varied  over  the  Eq/J^ ^ range  of  20  to 

40  dBm.  There  will  be  a range  of  about  6 or  8 dB  over  which 

the  error  rate  is  significant,  with  the  exact  value  depending 

on  the  amount  of  the  chip  which  is  jammed.  The  parameter  a 

is  0 if  the  entire  chip  is  jammed,  1 if  none  of  the  chip  is 

jammed,  and  varies  linearly  between  these  two  extremes. 

Using  whatever  jamming  waveform  is  selected,  the  repeater 

jamming  should  be  tested  over  the  range  a = 0 to  1,  at 

discrete  steps;  typical  values  of  a might  be  0.  0.2,  0.4,  0.9* 

The  bit  error  probability  can  then  be  measured  as  a function  of 

E /CT  and  a,  and  compared  with  the  full-band  multitone  and  noise 
o OM 

jamming  error  probabilities.  While  the  error  probability  can  be 
measured  either  in  the  PSP  receiver  or  after  error  detection  in 
the  strike  force  receivers,  the  error  rate  should  be  measured  at 
the  same  place  for  all  jamming  tests. 

Following  this  experiment,  the  effect  of  receiver  noise  should 

be  included  in  the  tests.  At  high  signal-to-noise  ratios,  such  as 

20  dB,  the  error  rate  should  be  the  same  as  in  the  absence  of  noise. 

Noise  effects  should  start  being  seen  with  E,  /N  in  the  order  of 

b o 

6 dB,  as  shown  in  Fig.  13. 

The  repeater  jamming  tests,  with  and  without  receiver  noise, 
will  show  the  performance  of  the  repeater  jamming  system  as 
operating  with  the  present  LES  8/9  satellite  processor.  Repeater 
jamming  operates  on  only  part  of  the  received  signal.  The  satellite 
processor,  as  presently  designed,  processes  the  entire  chip.  Tf. 
however,  the  processor  where  to  adaptively  measure  the  received 
signal  and  integrate  only  over  the  unjammed  portion,  one  would 
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expect  that  the  jamming  efficiency  would  be  decreased.  For  values 

of  a near  1,  where  most  of  the  chip  is  un jammed,  the  performance 

should  approach  that  of  the  unjammed  signal.  For  values  of  a near 

0,  where  most  of  the  chip  is  jammed,  the  amount  of  energy  in  the 

unjammed  portion  of  the  chip  is  small,  and  the  receiver  thermal 

noise  would  be  a limiting  factor.  The  PSP  can  be  used  to  simulate 

an  LES  8/9  processor  which  integrates  over  only  the  un jammed  part 

of  each  chip,  and  che  error  probability  measured  as  a function  of 

a,  E /J_„  and  E, /N  . This  simulated  processor  will  have  an  ECCM 
o OM  b o 

capability  against  repeater  jamming  which  is  not  found  in  the  present 
processor. 

It  is  axiomatic  that  for  a given  ECCM  one  can  develop  a new  ECM 
technique.  In  this  case,  the  ECM  response  would  be  to  develop  a 
receiver  which  can  estimate  the  received  frequency  in  a time  inter- 
val which  is  sufficiently  short  as  to  cause  the  processor  to  be 
thermal  noise  limited.  One  would  expect  that,  given  either  suf- 
ficient sweep  capability  or  parallel  processing,  the  transmitted 
frequency  can  be  estimated  in  a time  equal  to  the  reciprocal  of 
the  frequency  uncertainty.  Therefore,  to  jam  with  a frequency 
uncertainty  of,  say  10  kHz,  would  require  only  a 0.1  ms  intercept 
time.  The  simulation  of  a repeater  jammer  should  include  ex- 
ploring trade-offs  between  intercept  time  and  chip  processing 
time. 
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SECTION  3 


NAVSTAR  GPS  STUDIES 


3 . 1 Introduction 

The  NAVSTAR  Global  Positioning  System  (GPS)  is  a satellite 
navigation  system  which  will  allow  the  user  to  determine  his 
three-dimensional  position  and  velocity.  The  GPS  Phase  1 Program 
is  a space-based  radio  navigation  concept  validation  program  that 
precedes  the  full  scale  development  of  the  GPS.  As  part  of 
Phase  1,  AFAL  is  developing  a generalized  development  model 
(GDM)  of  the  GPS  user  equipment.  The  GDM  system  will  include 
the  hardware  and  software  to  receive  and  process  GPS  riaviyational 
signals,  along  with  inertial  and  auxiliary  navigation  sensor 
data  in  some  modes,  and  determine  optimum  estimates  of  three 
dimensional  postion,  velocity,  and  system  time  for  display  to 
tha  user. 

The  GDM  will  be  part  of  the  CSEL  facility,  and  experiments 
will  be  part  of  the  CSEL  facility,  and  experiments  will  be  run 
as  required  to  determine  system  parameters.  The  purpose  of  this 
section  is  to  determine  means  of  simulating  the  GPS  signal  and 
channel  characteristics,  to  a degree  that  will  permit  accurate 
and  reliable  testing  of  the  GDM.  We  take  a general  point  of 
view,  allowing  for  a variety  of  different  receiver  types  and 
GPS  signaling  schemes.  Future  studies  will  consider  the  spe- 
cific requirements  needed  for  the  Phase  1 system. 

This  section  is  divided  into  two  main  parts.  Section  3.2 
summarises  some  possible  configurations  for  the  GPS , as  well 
as  possible  uses  of  the  simulation  facility.  The  errors  in- 
curred in  the  system  are  reviewed,  and  some  methods  of  correction 
by  rhe  receiver  are  discussed,  since  they  have  a significant 
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impact  on  the  necessary  simulation  accuracy.  Some  important 
aspects  of  the  receiver  structure  are  pointed  out,  and  finally, 
the  general  structure  of  the  simulator  is  defined.  In  the 
discussion  of  Section  3.2,  only  the  global  features  of  a simu- 
lation facility  are  discussed.  Section  3.3  extends  the  analysis 
to  include  detailed  problems  in  the  instrumentation  of  the  simu- 
lation system  hardware  and  software. 

3 . 2 General  Problems  of  GPS/GDM  Simulation 

3.2.1  A Survey  of  Possible  GPS  Structures 

GPS  is  designed  primarily  for  military  use,  but  civil 
applications  are  also  envisioned,  which  has  some  impact  on 
the  types  of  receivers  that  can  be  used. 

The  full  system  is  to  have  24  satellites  in  12  hour  orbits, 
such  that  any  point  of  the  earth  is  covered  by  at  least  4 satel- 
lites. The  user  position  is  determined  from  the  measured  path 
delay  differences  (hyperbolic  multilateration) . The  downlink  sig- 
nals at  1.2  or  1.6  GHz  are  modulated  by  pseudo- random  binary 
sequences  for  the  delay  determination.  Orthogonal  sequences  are 
used  for  each  satellite.  The  bandwidth  is  10  MHz.  In  addition 
the  satellites  also  transmit  information  on  satellite  ephemerides, 
clock  drifts,  as  well  as  measured  and  predicted  data  on  the  ionos- 
phere and  the  troposphere.  The  ionospheric  data  may  consist  of 
Global chta  on  the  total  electron  content,  and  readily  available 
data  on  ionspheric  parameters  such  as  to  F2,  MUF,  etc.  The  tropo- 
spheric data  are  mainly  of  importance  for  low  elevation  satellites, 
and  could  consist  of  parameters  for  a surface  refractivity  model. 

The  data  are  collected  at  the  ground  control  stations  which 
send  them  to  the  satellite,  from  where  they  are  relayed  to  the 
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users.  Two  different  modes  are  possible;  the  satellites  may  be 
transmitting  simultaneously  or  sequentially.  By  simultaneous 
transmission  a more  precise  timing  results  due  to  the-  higher 
stability  of  the  satellite  clocks,  and  uncertainties  in  the 
satellite  receiver  trajectories  between  successive  transmissions 
in  a sequential  mode.  On  the  other  hand  some  interference  be- 
tween the  different  satellite  signals  are  unavoidable  by  simultaneous 
transmission. 

3-2.2  Advantages  of  a Simulation  Facility 

The  primary  application  of  the  simulation  Facility  is  to  test 
the  receivers  (GDM's)  before  the  actual  channels  are  available. 

By  using  a software  controlled  simulation  it  is  possible  to  test 
receivers  under  both  average  and  adverse  atmospheric  conditions. 

By  simple  program  changes  it  is  also  possible  to  evaluate  several 
GPS  downlink  data  schemes. 

When  the  satellites  are  in  orbit  the  simulator  is  still  of 
great  value  for  providing  easy  in-house  tests,  particularly 
for  new  receivers  requiring  down-link  data  that  has  not  yet  been 
included  in  the  GPS  system.  In  fact,  large  parts  of  the  entire 
GPS  can  easily  be  tested. 

It  is  considered  imperative  that  the  simulator  is  flexible, 
so  that  it  can  respond  to  advances  in  ionospheric  and  tropospheric 
prognostication,  as  well  as  to  changes  in  the  overall  system.  A 
hybrid  approach  with  RF  building  blocks  for  constructing  the 
channel  is  suggested  with  a software  control  of  the  channel  param- 
eters and  part  of  the  channel  configuration. 

To  determine  the  components  needed,  and  the  software  complexity, 
it  is  necessary  to  study  the  errors  that  can  be  incurred  in  the 
system. 
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3.2.3  Sources  of  Position  Errors  in  the  GPS 

3. 2. 3.1  Satellite  Ephemerides 

If  we  start  at  the  satellite,  the  first  error  source  is  the 
errors  in  the  satellites  own  estimate  of  position,  velocity,  etc. 
These  errors  can  be  caused  by  erroneous  distance  measurements  by 
the  ground  reference  stations , which  can  be  influenced  by  the 
atmosphere,  clock  errors  multipath,  and  inaccurate  trajectory 
estimates  between  position  updates.  A receiver  using  direct  Faraday 
rotation  information  also  needs  an  accurate  estimate  of  the  polari- 
zation of  the  transmitted  waveform. 

3. 2. 3. 2 Clock  Errors 

Satellite  clock  errors  affect  the  position  estimates  if  the 
four  satellite  transmissions  needed  to  determine  the  position 
are  not  completely  synchronized.  For  the  sequential  transmission 
mode  the  less  accurate  receiver  clocks  can  also  be  a major  source 
of  error. 

3. 2. 3. 3 Multipath  Errors 

Muluipath  propagation  can  also  seriously  impair  the  performance 
of  the  GPS.  It  can  arise  by  either  atmospheric  reflection  and  re- 
fraction effects,  or  by  ground  (or  sea)  reflection.  The  effect  of 
ground  reflections  can  be  evaluated  relatively  easily.  If  the 
receiver  is  h feet  above  a smooth  reflecting  surface,  and  the 
satellite  elevation  is  is  9,  then  the  differential  delay  of  the 
reflected  path  is 

& = 2h/c  sin  9,  (286) 
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where  c is  the  velocity  of  light.  Dae  to  the  10  MHz  PRN  signal- 
ling, only  reflection  delayed  less  than  100  nsec  will  affect  the 
estimate  {this  assumes  a linear  matched  filter  receiver,  for  re- 
ceivers with  nonlinearities,  e.g.  hard  limiters,  larger  delays 
will  also  have  a significant  effect) . Thus  only  atmospheric 
multipath  and  low  ground  multipath  is  important. 

One  way  of  estimating  the  delay  is  to  use  a threshold  6 dB 
down  from  the  peak  output  of  a matched  filter.  The  errors  re- 
sulting from  a 50  nsec  delayed  perfect  reflection  is  illustrated 
in  Fig.  16,  assuming  an  ideal  triangular  signal  auto-correlation 
function.  With  a reflection  coefficient  of  .8,  corresponding  to 
a 14  dB  multipath  fading,  calculations  have  shown  that  errors 
range  between  -33  feet  and  +11  feet. 

If  a hard  limiter  is  used  in  front  of  the  matched  filter,  and 
if  only  one  satellite  signal  is  received  at  a time,  the  error  is 
smaller  at  small  delays,  but  persists  for  delay  almost  as  long 
as  the  entire  duration  of  the  PRN  sequence.  However,  this  way 
errors  less  than  7 feet  can  be  obtained  with  a threshold  12  dB 
below  the  peak  of  the  matched  filter  output.  For  this  type  of 
receiver,  large  delay  multipath  should  be  simulated  when  applic- 
able. For  most  other  receivers,  delays  less  than  100  nsec  are 
sufficient  to  test  the  performance  against  multipath. 

3 . 2 . 3 . 4 Ionospheric  Propagation  Effects 

The  refractive  index  along  the  signal  path  causes  excess 
delays.  The  main  error  is  incurred  in  the  ionosphere,  where  the 
refractive  index  can  be  related  directly  to  the  electron  density. 
For  frequencies  well  above  the  gyro-  and  plasma  frequencies  cf  the 
ionosphere  (as  is  the  case  here,  frequencies  are  of  the  order 
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(a)  Direct  and  Reflected  Signals, 
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(c)  Signal  Adding  Out  of  Phase, 
Resulting  in  a -25ft.  Error 


Figure  16  Matched  Filter  Multipath  Effects 
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of  1 - 10  MHz)  we 
field  and  electron 
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can  ignore  the  influence  of 
collisions.  The  refractive 


the  geomagnetic 
index  n is  given 

(2b7) 


where  f is  the  plasma  frequency,  and  f the  transmitting  frequency. 
We  have  (in  rationalized  MKSA  units) 


2 4tip 

f = N(h)  = 80>?  N(h)/  (288) 

o m 

where  e and  m is  the  electron  charge  and  mass,  respectively,  and 
N (h)  is  the  electron  density  as  a function  of  height.  The  maximum 
value  of  N(h)  determines  the  critical  frequency  of  the  F2  layer, 

N = 1.24  X 10~2  x (f  F2)2.  (289) 

M O 

The  integral  of  N (n)  along  the  signal  path  is  called  the  total 
electron  content  (TEC) , and  can  be  related  directly  to  the  propa- 
gation delay  due  to  the  ionosphere. 


T 


1.34x10 


f 


2 


TEC. 


(290) 


Typical  values  for  the  total  vertical  electron  content  are  in 
16  18  2 

the  range  of  10  - 10“  electrons/m  for  f = 1.6  GHz.  This 

corresponds  to  delays  in  the  range  of  .5-50  nsec.  The  delays 
at  the  lowest  elevation  (5°)  can  be  2 to  4 times  as  big. 


The  ionosphere  also  introduces  a differential  Doppler  shift, 
mainly  due  to  the  deviation  of  the  signal  path  from  the  geometric 
path.  This  Doppler  shift  can  also  be  related  to  the  electron  density, 
but  only  approximately  to  the  total  electron  content.  The  Doppler 
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shift  is  relatively  small  and  can  potentially  improve  the  position 
accuracy  of  a receiver  utilizing  this  information. 

Faraday  rotation  information  can  also  be  useful  to  a receiver, 
since  it  provides  information  about  the  TEC.  As  a first  order 
approximation,  the  following  expression  is  often  used. 


n = 


2.97x10 

.2 


x M x TEC, 


(291) 


where  M is  an  average  quantity  depending  on  the  angles  the  path 
makes  with  the  magnetic  field,  and  vertical. 


Aside  from  the  delay,  Doppler,  and  Faraday  rotation  effects, 
the  irregularities  of  the  ionosphere  causes  a flat  fading  of  the 
received  signal  (scintillation).  The  statistics  of  scintillation 
are  fairly  well  studied,  and  prove  quite  easy  to  simulate.  We 
shall  not  dwell  much  more  on  this  aspect  of  the  problem  here. 


3. 2. 3. 5 Tropospheric  Propagation  Effects 


Normal  tropospheric  effect  can  be  calculated  by  using  a 
model  for  the  standard  atmosphere  (Altschuler  and  Kalaghan,  [5]). 
Typically,  the  range  error  are  7 feet  with  a 90°  elevation,  and 
80  feet  with  a 5°  elevation.  Under  adverse  weather  conditions, 
this  can  be  considerably  worse,  especially  at  low  elevations 
where  the  signal  may  have  to  travel  through  a rain  or  snow  storm 
over  a fairly  large  distance.  The  troposphere  also  introduces 
a small  Doppler  shift. 
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3 . 2 . 3 . 6 Other  Error  Sources 

Of  the  many  remaining  error  sources  we  mention  the  additive 
noise  (cosmic  noise,  receiver  noise,  etc.)  which  can  have  drastic 
effects  on  the  range  accuracy,  especially  during  deep  signal  fades, 
or  when  a satellite  is  near  the  sun  as  see  from  the  receiver.  Also 
interference  from  other  GFS  satellites,  and  man-made  interference 
has  to  be  taken  into  account. 


3.2.4  Corrective  Procedures  to  Reduce  the  Error 

The  errors  discussed  in  the  previous  section  consist  of  a 
predictable  error  bias  and  a random  component.  By  eliminating  or 
reducing  the  bias  term  in  the  receiver,  substantially  better  range 
accuracies  can  be  achieved.  It  is  therefore  important  that  the 
simulator  produces  both  the  predictable  and  unpredictable  components, 
such  that  a realistic  performance  results,  whether  the  receiver 
removes  the  predictable  component  or  not.  Since  it  is  not  clear  just 
how  much  a particular  receiver  will  be  able  to  predict,  it  is  im- 
portant that  the  simulator  is  easily  modified.  Thus  a software 
approach  is  called  for. 

3 • 2 . 4 . 1 Satellite  Ephemerides  and  Clock  Drift 

Errors  in  these  parameters  will  be  controlled  by  relaying 
the  appropriate  information  directly  to  the  user  on  the  down  link 
data  stream.  The  satellite  Ephemerides  are  accurately  tracked  by 
the  satellite  and  the  ground  control  station,  as  is  the  satellite 
clock.  The  receiver  clock  is  less  critical  in  most  cases.  It  is 
estimated  that  the  clock  errors  and  the  errors  due  to  satellite 
ephemerides  can  be  held  to  5 feet  each. 
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2 .2.4.2  Multipath  Corrections 

Although  serious  multipath  is  expected  to  occur  only  a 
fraction  of  the  time  in  the  overall  system,  certain  environments 
will  be  associated  with  persistent  multipath  propagation.  As 
pointed  out  in  Section  4.3,  such  multipath  conditions  can  result 
in  relatively  large  errors.  The  smart  receiver  will  then  use  an 
adaptive  equalizer,  adaptive  antenna,  or  simply  a tilted  antenna 
nulling  out  the  specular  point  of  reflection  (this  can  be  done 
if  satellite  and  receiver  position  are  known  with  respect  to  the 
reflecting  surface) . 

3 • 2 • 4 • 3 Ionospheric  Models  for  Single  Frequency  Users 

The  low  cost  medium  accuracy  users  are  expected  to  receive 
just  the  1.6  GHz  signal,  and  correct  for  the  ionospheric  delay 
using  a locally  generated  model.  We  discuss  some  proposed  models 
and  the  time  scales  that  can  be  expected  in  the  residual  errors. 

The  Bent  model  (Bent  et  al.,  [6])  uses  a large  amount  of  measured 
data  to  construct  an  empirical  ionosphere  model.  This  model  con- 
sists of  three  exponential  top  side  layers,  a parabola  near  the 
F2  maximum,  and  a bi-parabola  for  the  lower  ionosphere.  The 
profile  is  determined  by  predicted  values  of  the  following  param- 
eters: The  critical  frequency  fQF2,  the  height  of  maximum  density 

h , the  half  thickness  of  the  bottom  side  layer  y , the  half  thick- 
ness  of  the  topside  layer  y , and  the  decay  constants  k.  for  the 
lower,  middle  and  upper  topside  exponential  layers.  Corrections 
using  this  model  are  reported  to  result  in  root  mean  square  residual 
group  delay  ranging  from  1 to  20  nsec,  and  mean  residual  delay  between 
-4  and  17  nsec.  The  cumulative  probability  distribution  of  the 
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delays  is  calculated  in  the  above  reference,  as  well  as  some  station- 
station  correlation.  Generally  70  to  90%  of  the  day  time  ionosphere 
is  eliminated. 

A simple  model  was  developed  at  AFCRL  (Klobuchar  and  Allen, 

£73),  which  computes  the  TEC  estimates  from  measured  predicted 
values  of  fQF2.  The  use  of  this  algorithm  is  limited,  but  gives 
good  results  when  applied  near  the  data  gathering  station. 

The  Applied  Physic  Laboratory  of  fonn  Hopkins  University 
(Pisacane  et  al.  [8])  considered  three  algorithms,  one  based  on 
long  term  predictions,  and  two  capable  of  real  time  corrections. 

The  basic  algorithm  is  based  on  an  11-parameter  mode]  using  parabolas 
for  the  E,  Fi,  and  F2  layers.  The  second  algontln-  is  an  analytic 
model  describing  the  deviations  from  the  first  modal,  while  the 
third  algorithm  is  an  empirical  model,  also  based  on  the  first  al- 
gorithm. For  the  data  considered,  the  typical  time  delays  are  on 
the  order  of  10  to  50  nsec,  86  nsec  being  the  largest  vertical 
time  delay  encountered.  The  RMS  residuals  range  from  approximately 
0 to  20  nsec,  with  algorithm  II  being  consistently  better  than 
algorithm  III,  which  again  is  better  than  algorithm  I.  Several 
cumulative  distributions  of  the  rms  residual  delays  are  presented, 
as  well  as  station-station  correlations. 

A Stanford  University  mode)  (Waldman  and  da  Rosa,  [9])  use 
an  empirical  expansion  of  the  electron  content  as  a function  of  time, 
season,  and  an  index  of  solar  activity.  The  data  from  the  reference 
stations  are  interpolated  to  give  the  local  TEC  estimate. 

The  inclusion  of  real  time  measurements  are  suggested  in  a second 
model.  Typical  vertical  time  delays  encountered  range  from  5 to 
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50  nsec,  while  residual  rms  errors  found  are  1 to  20  nsec.  The 
cumulative  distribution  of  the  residuals  are  calculated. 

The  University  of  Illinois  (Rao  et  al.,  [l0])  considers  several 
methods  for  correcting  the  ionospheric  delay.  Mainly  near  real 
time  measurements,  and  varying  amounts  of  past  data  from  other 
stations  are  used.  In  all,  eight  models  are  considered,  of  which 
two  are  chosen  as  representative.  With  the  simple  model,  resid- 
uals up  to  10  nsec  are  found,  while  7 nsec  is  typical  for  the  more 
sophisticated  model.  Distributions  of  residuals  are  calculations 
under  various  evaluation  conditions. 

3, 2. 4. 4 Other  Ionospheric  Corrections 

The  best  way  of  correcting  for  the  excess  ionospheric  delay 
is  to  utilize  the  fact  that  the  delay  is  inversely  proportional 
to  the  frequency.  By  transmitting  two  frequencies  it  is  possible 
to  eliminate  the  trans-ionospher ic  delay  completely,  at  least  in 
theory.  Errors  result  mainly  from  the  facts  that  the  two  fre- 
quencies do  not  follow  the  same  path,  and  deviations  from  the  inverse 
square  law.  The  frequencies  used  for  the  GPS  are  1.2  and  1.6  GHz, 
and  it  is  estimated  that  ionospheric  effects  can  be  ignored  com- 
pletely by  this  method.  The  disadvantage  is  the  cost  of  the  re- 
ceiver, since  twice  as  many  correlations  are  needed.  This  method 
is  therefore  only  to  be  used  for  high  precision  users  where  cost, 
is  not  a primary  factor. 

There  is  also  the  possibility  of  measuring  the  Faraday  rotation 
of  the  received  waveforms.  This  is  also  costly  to  implement  for 
simultaneous  satellite  transmissions,  and  does  not  take  into  ac- 
count the  part  of  the  electron  layer  outside  the  bulk  of  the  geo- 
magnetic field.  This  approach  only  has  merit  by  a sequential 
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transmission  mode,  and  requires  detailed  attitude  data  on  the 
down  link. 

3 . 2 . 4 . 5 Tropospheric  Corrections 

In  the  troposphere  model  developed  at  AFCRL  (Altschuler  and 
Kalaghan, [5]),  the  range  corrections  are  calculated  as  a 
rational  function  of  height,  elevation  and  surface  refractivity. 

In  the  case  of  unknown  surface  refractivity,  average  values  are 
determined  from  an  empirical  formula  depending  on  height,  latitude, 
and  calendar  month. 

Standard  deviations  of  the  residual  delays  are  found  as 
6.75  nsec  (83.8  nsec  total  delay)  at  a 5°  elevation,  and  .6  nsec 
(7.9  nsec  total  delay)  at  a 90°  elevation. 


3.2.5  Short  Term  Variations  in  the  Atmosphere 


It  is  important  for  a realistic  simulator  to  take  the  time 
variations  of  the  channel  into  account,  since  it  will  affect  both 
the  correlation  procedure  and  position  estimates  for  a receiver 
using  smoothing  of  past  delays  (as  implemented  by  a Kalman  filter, 
for  instance).  Few  data  are  available  at  this  moment,  so  we  study 
here  mainly  the  available  results  on  the  sources  of  such  time  vari- 
ations. Many  of  these  results  can  be  found  in  standard  ionospheric 
texts,  such  as  Al'pert  [ 11]  and  Davies  [12]. 


The  slow  diurnal  and  seasonal  variations  are  usually  pre- 
dictable, but  the  change  that  occurs  at  sunrise  and  sunset  often 
is  associated  with  rather  steep  gradients,  giving  rise  to  large 
residual  errors  (slowly  varying) . Other  slew  hard— to— predict 


variations  are  associated  with  solar  flare,  sudden  magnetic  com- 
mencement, sudden  soxmic  noise  absorption,  etc.  The  time  scale  is 
relatively  large,  and  therefore  not  important  to  the  present  con- 
siderations . 
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Other  regular  slowlv  varying  effects  are  steady  winds,  atmos- 
pheric rotation,  and  tidal  waves.  Somewhat  smaller  time  scales  are 
associated  with  irregular  winds,  where  typical  parameter  are 


wind  velocity 
correlation  time 
vertical  scale 
horizontal  scale 


70  m/sec 
100  min  or  less 
6 km 
100  km 


Small  periods  are  also  encountered  in  connection  with  internal  waves 
in  ionosphere,  which  propagate  at  frequencies  below  the  VSs&iia 
frequency 

2 

•g  = C’^'  V " fa-  (292) 


where  g is  the  gravitational  accelleration,  C the  velocity  of  sound, 
and  K the  scale  height  ( = kT/mg) . Periods  are  approximately  5 min. 
in  the  E region,  and  10  to  15  minutes  in  the  F region.  These  waves 
are  often  associated  with  the  experimentally  found  traveling  ionos- 
pheric disturbances  (TID) . 


Even  smaller  time  scales  are  found  for  diffusion  and  ion- 
production,  -recombination,  and  -attachment  processes.  Time  constants 
down  to  a few  tenth  of  a second  can  be  found. 


Some  experimental  data  on  the  variations  of  the  excess  ionos- 
pheric delay  have  been  reported  by  Misyura  et  al.  [ 13  3 - Measuring 
fluctuation  in  Faraday  rotation  and  differential  Doppler  shift, 
they  find  that  the  auto-correlation  function  is  well  approximated  by 
an  expression  of  the  form 

2 

M T 

K(t)  = e cos  v t (293) 
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vertical  scale  is  approximately  given  by 


X = 


t V 


sat  h 


h 

sat 


; 


(294) 


where  V is  the  satellite  horizontal  velocity#  h the  ionosphere 

Sat 

height  (average)  and  h the  height  of  the  satellite.  This  is 

sat 

based  on  a simple  model  of  ionospheric  irregularities. 


3*2.6  The  Effect  of  the  Receiver  Type  on  Simulator  Complexity 

It  is  clear  that  a complex  receiver  also  requires  a complex 
simulator.  A two- frequency  receiver  requires  twice  as  many  channels 
as  a single  frequency  receiver,  and  a receiver  measuring  Doppler 
shift  requires  the  inclusion  of  random  frequency  offsets.  We 
classify  here  the  receiver  types,  and  discuss  the  corresponding 
requirements  on  the  simulator.  The  discussion  is  not  intended  to 
exhaust  all  possible  configuration,  but  only  as  a guide  to  determine 
the  necessary  simulation  setup.  The  main  point  is  that  a highly 
flexible  simulator  is  a must. 

1)  A receiver  measuring  distance  only,  without  much  concern 
for  velocity  or  high  accuracy,  will  use  little  smoothing 
of  the  measured  delays.  Hence  a simple  single  frequency 
model  is  sufficient,  and  time-variations  can  be  ignored. 
Often  the  tropospheric  effects  are  negligible,  and  need 
not  be  simulated. 

2)  If  the  receiver  measures  distance  only,  and  uses  a 
Kalman  or  constant-gain  filter  to  update  position  and 
velocity,  it  can  be  important  that  short  term  variations 
are  included  in  the  simulator  model. 
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3)  A high  precision  receiver  using  delay  and  Doppler 
measurements,  complete  with  filtering  to  estimate 
position  and  velocity,  will  require  simulation  of 
Doppler  shift  also,  and  short  term  time  variations 
may  have  to  be  included. 

4)  A high  precision  receiver  using  two  frequency 
reception  is  complicated  mainly  by  the  added  chan- 
nels needed.  If  the  frequencies  are  transmitted 
sequentially,  time-sharing  is  possible,  however. 

5)  A medium  precision  receiver  using  single  frequency 
delay  measurements  with  ionospheric  and  tropospheric 
corrections  can  improve  its  accuracy  considerably  by 
using  the  information  from  its  inertial  navigation 
system.  All  measurements  can  be  converted  to  po- 
sition and  velocity  estimates  using  a Kalman  filter. 
This  requires  a rather  sophisticated  simulation  since 
errors  in  the  inertial  guidance  system  has  to  be 
simulated. 


3.2.7  A Summary  of  the  Simulator  Structure  and  Requirements 

For  the  purposes  of  the  simulator,  we  shall  assume  that  the 
satellite  RF  ranging  signals  are  available  without  down  link 
data.  Also  a synchronization  signal  is  available  for  modulation  of 
the  down  link  data.  The  general  structure  of  the  simulating  facility, 
as  operation  in  conjunction  with  the  GDM,  is  shown  in  Fig.  17. 
Depending  on  the  desired  channel  information,  the  computer  may 
deliver  down  link  information  to  the  satellite  signal  modulators, 
and  general  information  to  the  GDM,  such  as  local  time  and  any 
atmospheric  information  that  would  be  locally  available  to  the 
receiver.  It  can  also  provide  simulated  receiver  trajectories 
and  inertial  guidance  outputs.  The  down  link  signals  are  passed 
through  the  individua]  channel  simulators.  The  most  complex  con- 
figuration is  when  two  frequencies  are  received  simultaneously 
from  all  four  satellites.  Eight  channels  are  needed  then.  The 
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Figure  17.  General  GPS  Simulation  Scenario 


simplest  configuration  is  the  case  of  single  frequency  reception  and 
sequential  transmission.  In  this  case  on3y  one  channel  and  one 
signal  modulator  is  necessary.  Thermal-noise  is  added,  assuming 
(unrealistically)  that  the  additive  noise  is  independent  of  the 
direction  of  the  signal. 

The  position  and  velocity  estimates  may  be  analyzed  directly 
by  the  same  computer,  in  real  time*  or  may  be  recorded  together 
with  the  pertinent  channel  and  satellite  data  for  off-line  analysis. 
The  data  supplied  to  the  channel  may  be  from  a locally  generated  model 
atmosphere,  or  may  consist  of  actual  recorded  data  of  the  total 
electron  content.  The  information  needed  can  include 

• Satellite  trajectories  and  velocities. 

• Satellite  Powers. 

• Uncertainties  in  satellite  trajectories. 

• Hour,  day,  month. 

• Ionosphere  model  parameters. 

• RMS  of  ionospheric  delay  residuals  reduced  to  vertical. 

• Time  scale  of  residuals. 

• Troposphere  model  parameters. 

• RMS  of  tropospheric  delay  residuaJs. 

• Time  scale  of  residuals. 

• Additive  noise  power,  may  be  different  for  each 

satellite . 

• Receiver  longitude,  latitude,  and  height. 

• Receiver  velocity,  or  trajectory. 

The  structure  of  each  channel  is  illustrated  in  Fig.  18.  The 
parameters  needed  are 
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• Doppler  shift 

• Gross  delay 

• Short  term  delay 

• Scintillation  index 

• Scintillation  spectrum  (probably  fixed) 

• Sky  noise  power  (may  be  lumped  into 

receiver  noise) . 


The  simulator  shown  does  not  include  the  multipath  effect  that 
can  arise.  A relatively  simple  simulation  of  atmospheric  and  ground 
multipath  can  be  included  by  inserting  a 2 to  3 tap  delay  line 
after  the  summation  in  Fig.  17.  This  ignores  the  fact  that  the 
different  satellite  signals  do  not  suffer  from  the  same  multipath 
effect,  and  a uniform  bias  will  be  introduced  in  all  the  range 
estimates.  An  equally  simple,  and  more  meaningful,  method  is  to 
introduce  multipath  in  just  one  channel.  Of  course,  a completely 
realistic  simulation  requires  independent  multipath  effects  on 
each  channel,  and  dependent  on  the  satellite  elevation. 

3 . 3 Specific  Problems  of  GPS/GDM  Simulation 

In  Section  3.2  we  presented  a general  discussion  of  the  GPS 
system,  with  the  purpose  of  defining  the  necessary  simulator 
features.  This  was  accomplished  for  several  possible  system  con- 
figurations and  receiver  strategies.  Due  to  the  general  nature 
of  the  problem  only  the  global  features  of  a simulation  facility 
were  considered.  This  section  extends  the  analysis  to  consider 

9 expected  GDM  receiver  structure 

» simulator  integration  into  AFAL/CSEL 

• use  of  CSDL/4-SV  Satellite  simulator 
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• application  of  new  techniques  developed  at 
SIGNATRON  for  constructing  delay  lines 
with  computer  controlled  variable  delay 

• GDM  antenna  assembly  simulation 

• stabilization  of  clock-controlled  Satellite- 
receiver  delays  using  a digital  feedback  link 

e simulator  hardware  and  software  requirements. 

While  the  section  contains  a detailed  analysis  of  these  aspects, 
at  this  point  we  will  summarize  its  contents,  and  bring  out  the 
most  important  aspects  of  the  problem. 

In  Sections  3.3.1  through  3.3.3  we  discuss  various  aspects 
of  the  simulation  requirements,  concluding  in  Section  3.3.4  in 
a summary  of  several  methods  of  implementation,  alternative  con- 
figurations, and  possible  compromises.  The  best  system  configura- 
tions are  selected  after  the  software  and  hardware  requirements 
are  treated  in  Sections  3.3.6  and  3.3.7.  The  alternative  con- 
figurations are  based  on  new  techniques  developed  in  Section  3.3.5 
for  controlling  and  creating  the  required  delays.  The  following 
discussion  centers  around  the  system  configurations  shown  in 
Figs.  19  and  20. 

Figure  19  shows  a block  diagram  of  the  simulation  facility 
configured  so  that  all  signals,  at  both  Ll  and  L2  frequencies, 
are  generated  with  independent  satellite  signal  generators. 

Eight  such  generators  are  needed.  Each  signal  generator  consists 
of  a digitally  controlled  frequency  synthesizer,  exciter,  and  up- 
converter.  The  frequency  synthesizer  forms  the  unmodulated  base- 
band signal  {-  10  KHz)  with  appropriate  Doppler,  and  the  carrier 
frequency  Doppler  at  a 70  MHz  intermediate  frequency.  The  ex- 
citer modulates  the  IF  carrier  with  externally  supplied  code 
signals  superposed  with  down  link  data.  A 70/560  MHz  up  converter 
assures  the  applicability  of  the  CSEL  exciters.  We  have  based 
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Figure  20.  GPS/GDM  Simulation  Facility,  Alternative  2 
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our  analysis  on  the  frequency  synthesizer  structure  developed 
at  the  Charier  Stark  Draper  Laboratories,  and  shown  in  Fig.  21. 
The  specifications  of  the  synthesizer  accuracy  arc  shown  in 
Table  17 . 

Since  the  synthesizer  supplies  the  appropriate  Doppler 
shifts  to  both  the  carrier  and  the  modulation,  it  is  possible 
to  achieve  the  required  differential  satellite-receiver  delays 
by  adjusting  the  Doppler.  This  Doppler  has  to  be  pre-computed 
very  accurately  since  a deviation  of  the  desired  delay  from  the 
actually  achieved  delay  will  not  be  corrected,  thus  limiting 
the  duration  of  the  simulation  due  to  accumulating  delay  errors. 
This  phenomena  is  analyzed  in  Section  3. 3. 5.1,  and  the  theoretical 
errors  seem  acceptable.  However,  under  practical  circumstances 
several  factors  not  accounted  for  can  result  in  inaccurate  delays. 
Hence,  a technique  is  suggested  which  will  close  the  loop  and 
immediately  correct  delay  errors.  This  technique,  described 
in  detail  in  Section  3. 3. 5. 2,  consists  of  directly  measuring  the 
delay  on  the  baseband  signal  before  carrier  modulation,  com- 
paring it  with  the  desired  delay,  and  using  the  error  to  cor- 
rect the  Doppler.  The  technique  is  relatively  inexpensive  to 
implement  since  it  is  almost  all  digital.  Use  of  it  simpli- 
fies the  initial  set-up  of  the  system,  and  allows  for  arbitrary 
long  simulation  runs. 

The  multipath  in  Fig.  ]9  requires  a variable  delay  unit. 
Several  simple  ways  of  implementing  such  a unit,  under  direct 
computer  control,  are  presented  in  Section  3.3.5.  We  shall  not 
discuss  this  unit  in  detail  here.  However,  the  method  illus- 
trated in  Figs.  32  thru  34  appears  very  promising.  The  number 
of  multipath  units  to  be  used  depends  on  how  precise  a simulation 
is  desired  of  the  more  critical  propagation  conditions,  and  also 
on  the  practical  limitations  in  providing  the  antenna  with  the 
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TABLE  17.  DYNAMIC  NAVSTAR- FREQUENCY- SYNTHESIZER 
OUTPUT-WAVEFORM  PERFORMANCE  GOALS 


10.23  MHz  CODE 
SQUAREWAVE 

70.0  MHz  CARRIER  SINEWAVE 
(TO  BE  HETERODYNED  TO 
1.57542  GHz) 

AMPLITUDE 

TTL  squa rewave 

+7  dBm  into  50  Cl 

DOPPLER  SHIFT 

0 +259.5  Hz  in  222 
steps  of  0.124  mHz 

0 +39,961  Hz  in  222 
steps  of  19  mHz  (cor- 
responds to  a minimum 
resolution  of  0.01  ft/s 
at  1.57542  GHz) . 

PHASE  RESOLUTION 

One  part  in  308  of  a 
full  cycle  (0.3  ns) 

One  part  in  256  of  a 
full  cycle. 

PHASE  STABILITY 

<1  - ns  rms  in  a 100  Hz 
Bandwidth  over  the 
simulation  interval 
(<1  ns  corresponds  to 
a position  uncertainty 
of  <1  ft) 

One  part  in  64  rms  when 
measured  in  a 1 Hz  band- 
width over  a measurement 
interval  of  1 s (one  part 
in  64  is  equivalent  to 
0.01  ft  at  1.57542  GHz. 
When  measured  over  a 1-s 
interval,  this  permits 
resolution  of  0.01  ft/s) . 

MAXIMUM 

FREQUENCY  RATE 
(ACCELERATION) 

3.25  Hz/s 

500  Hz/s  (this  is  approx- 
imately a 10-g  accelera- 
tion) . 

MAXIMUM  NUMBER 
OF  CHANGES  IN 
FREQUENCY  IN  1 S 

100 

100 
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correct  signals.  This  last  task  is  indicated  in  Pig.  19  by  the 
block  named  'Signal  Antenna  Combining  Assembly'.  Realizations 
of  this  assembly  are  discussed  in  Section  3. 3. 5.4,  and  the  preferred 
implementation  is  shown  in  Fig.  22  for  a 3-element  antenna. 

It  uses  four-way  combiners  plus  attenuators  and  phase  shifters 
to  simulate  the  antenna  pattern.  The  complexity  of  this  assembly 
suggests  the  option  of  using  an  omnidirectional  antenna  as  a com- 
promise in  the  simulation.  Other  alternatives,  such  as  providing 
part  of  the  signal  at  IF  or  digitally,  are  discussed  in  the 
main  body  of  the  memo.  L-band  jammers  are  available  in  CSEL. 

The  simulation  is  controlled  by  a computer  (PDP-11)  and 
assisted  by  an  independent  GDM  control  unit.  The  tasks  of  the 
computer  and  the  GDM  control  are  discussed  in  Section  3.3.6. 

The  alternative  configuration  in  Fig.  20  is  similar  to  that 
of  Fig.  19,  the  only  difference  being  in  the  use  of  four, 
instead  of  eight,  satellite  signal  generators.  Tnese  generate 
both  the  Ll  and  L2  frequencies,  with  the  proper  Doppler  shifts 
on  the  carriers.  The  Doppler  on  the  modulation  sequence  is 
referred  to  the  Ll  carrier,  such  that  Doppler  control  can 
accomplish  the  desired  delay  of  the  Ll  signal  in  the  same  way 
as  before.  The  L2  signal  will  be  delayed  by  the  same  amount, 
and  it  is  therefore  necessary  to  have  a delay  line  for  simulating 
the  additional  delay  that  the  L2  signal  receives  from  the  ionos- 
phere. The  only  difference  between  the  signal  generator  used 
here,  and  the  one  used  before,  is  the  need  for  an  additional 
70-MHz  carrier  frequency  synthesizer  (see  Fig.  23),  and  the 
up-converters  and  exciters  also  needed  for  the  L2- frequency 
signal  generator  in  the  first  approach  (Fig.  19  ).  Delay  feed- 
back can  be  used  as  before  to  stabilize  the  delay  of  the  Ll 
signal. 
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Figure  22.  The  Full  RF  Signnl  Combining  Network 


The  additional  delay  required  for  the  L2-signal  is  accomplished 
with  a variable  delay  line  controlled  directly  by  the  computer, 
as  indicated  in  Fig.  20.  The  variable  delay  is  the  same  unit 
as  needed  for  multipath  simulation,  and  is  discussed  in  detail 
in  Section  3. 3. 5.3.  The  trade-off  between  the  two  approaches  lies 
in  the  difference  between  the  cost  of  a frequency  synthesizer 
(less  the  carrier  synthesizer)  and  the  cost  of  the  variable 
delay  line. 

3.3.1  Background 

In  this  study  we  take  a direct  view  at  the  solution  of  the 
problem  of  simulating  the  NAVSTAR/GPS  environment,  with  the  pur- 
pose of  testing  the  Generalized  Development  Model  (GEM)  receivers. 
This  solution  is  based  on  available  information  on  the  projected 
GPS  format,  the  proposed  functions  of  the  GDM  receivers,  and  the 
maximum  use  of  existing  equipment  in  the  AFAL/CSEL  simulation 
facility.  It  is  also  assumed  that  a frequency  synthesizer  is 
available  which  is  similar  to  the  Dynamic  4SV  Simulator  designed 
by  the  Charles  Stark  Draper  Laboratories. 

In  the  remaining  part  of  this  section  we  present  a brief 
background  description  of  the  GPS  and  the  relevant  AFAL/CSEL  fa- 
cilities. 

3 . 3 . 1 . 1 A Summary  of  the  GPS 

The  Global  Positioning  System  is  designed  to  provide  wor Id- 
wide  high  accuracy  navigation  data  to  military  and  civilian  users. 
Position  is  determined  by  a hyperbolic  multilateration  involving 
four  or  more  satellites.  The  user  determines  range  and  range  rate 
for  each  satellite  by  using  a 10  Mbps  code  modulated  on  the  carrier. 
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The  satellite  will  transmit  both  a protected  and  a clear  code.  In 
addition,  various  data  are  transmitted  down  to  aid  the  user  in  de- 
termining time  and  improving  the  postion  estimate.  Each  satellite 
transmits  two  frequencies,  Ll  ~ 1.6  GHz  and  L2  1.2  GHz.  High 
precision  users  employ  both  frequencies  for  the  elimination  of  the 
ionospheric  delay  errors,  while  less  demanding  users  will  only 
use  Ll,  possibly  combined  with  an  algorithm  eliminating  part 
of  the  ionospheric  delay.  For  this  reason  only  the  Ll  carrier  is 
provided  with  a clear  code.  Ionospheric  data  may  be  transmitted 
from  the  satellite  to  help  the  determination  of  the  delay  error. 

The  main  data  on  the  satellite  system  are  listed  in  Table  18. 
Further  data  can  be  found  in  the  review  paper  by  Cretcher  [ 14  3 . 

The  receivers  are  grouped  into  categories  of  varying  degrees 
of  accuracy  and  complexity.  The  GDM  receivers  will  be  of  relative- 
ly high  complexity,  and  this  means  that  a high  precision  simulation 
is  required.  Other  receivers  may,  of  course,  also  be  tested  by 
the  same  simulation  facility.  A description  of  the  likely  GDM 
features  is  given  in  Section  3. 3. 1.2. 

3. 3. 1.2  The  AFAL/CSEL  Facilities 

The  Communication  Systems  Evaluation  Laboratory  was  first 
applied  to  the  testing  of  receivers  designed  for  the  LES  8/9 
communication  satellite  links.  An  ordinary  transmitter-channel 
simulator-receiver  configuration  was  not  possible  since  the 
satellite  modified  the  signal.  A simulation  of  the  satellite 
was  called  for.  CSEL  was  developed  to  test  these  and  similar 
systems,  primarily  for  jamming  protection. 

LES  8/9  uses  UHF  and  Ka-band  frequencies,  and  the  majority 
of  the  available  equipment  work  at  these  frequencies.  For  other 
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TABLE  18.  GPS  DATA 

Period : 

Inclination: 
Satellites  per  orbit: 
Number  of  orbits: 

Power : 

Weight : 

Clock  Stability 

Ll  carrier: 

L2  carrier: 

Protected  code: 

Clear  code: 

Code  rate: 

Data  rate: 


12  hr  circular 
63° 

8,  equally  spaced 
3,  at  120°  angles 

est.  450  W 
est.  900  lbs. 
10“13 

~ 1.6  GHz 
~ 1.2  GHz 
Ll,  L2 
Ll 

10  Mbps 
~ 50  bps 
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requirements  X-  and  L~band  equipment  are  also  included.  Since 
the  GPS  works  at  L-band  frequencies,  we  shall  mainly  describe 
some  of  this  equipment. 

The  major  components  of  the  CSEL  simulation  facility  are 

• spectrum  and  interference  generator  (SIG) 

• roof  top  antenna  facility 

• satellite  simulator 

• computers  and  peripheral  systems. 


The  SIG  consists  of  two  accessors  and  a jammer  at  L-band, 
a switching  network,  up/down  converters  to  UHF,  X-,  or  Ka-band, 
signal  combiners,  and  a digital  controller  complex.  The  signals 
(accessors)  are  generated  with  a random  amplitude  (selectable 
spectrum) , modulated  at  a rate  up  to  50  Mbps  with  BPSK  or  QPSK  at 
560  MHz  (exciters),  and  filtered  and  heterodyned  to  an  L-band 
frequency,  selectable  in  steps  of  16  Hz.  The  signal  combiners 
include  a switch  between  up-link  and  down-link  combiners  for 
satellite  communication  applications.  Each  combiner  has  inde- 
pendent amplitude  control  for  each  accessor  and  jammer,  the  accessors 
are  combined  directly,  and  accessors  and  jammers  fed  to  two  inputs 
of  a four-way  combiner  (either  uplink  or  down-link)  with  two  spare 
inputs.  The  uplink  and  down-link  combiners  have  different  dynamic 
ranges.  700  MHz  to  560  MHz  conversion  is  available  so  that  the 
exciters  can  be  used  on  700  MHz  IF  signals  also.  The  digital  con- 
troller complex  performs  the  real-time  digital  control  of  swit- 
ching, amplitude,  frequency  selection,  filtering,  etc. 

The  Ka-band  roof  top  facility  is  designed  for  tests  using 
the  actual  satellite  (with  locally  controlled  jamming  and  receiver 
parameters)  and  for  pre-launch  tests  of  the  airborne  system.  It 
consists  of 
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• radome  and  pressurization  system 

• antenna  pedestal  with  computer  controlled 

servo  systems 

® a series  of  Ka-band  antennas 

• computer  interface. 


The  satellite  simulator  terminal  consists  of  a programmable 

signal  processor  (PSP)  and  two  FFH/PN  modems  (Flexible  Frequency 

Hopping/Pseudo-Noise) . The  FFH/PN  contains  a frequency  synthesizer 

24 

producing  one  of  2 frequency  shifts  with  a minimal  resolution 
of  3.25  Hz.  The  frequency  is  modulated  at  a maximum  rate  of  1.28 
MHz.  This  is  not  sufficient  for  applications  to  GPS. 

The  hardware  is  provided  with  extensive  computer  support  via 
the  digital  controller  complex.  Direct  control  is  furnished  by 
a PDP  11/20  computer  (16  bit  words)  designed  to  supervise  most  of 
the  real  time  experiments.  A PDP  11/45  is  used  as  bach-up  and  for 
some  real-time  applications  requiring  more  speed. 

3.3.2  Objectives  of  Simulation 

The  main  objective  of  the  simulation  facility  will  be  to 
test  the  contemplated  General  Development  Model  (GDM)  receivers. 

A variety  of  different  factors  influence  the  scope  of  this  prob- 
lem, and  these  factors  will  be  singled  out  in  this  section  in 
order  to  describe  the  tests  that  can  be  performed. 
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3. 3. 2.1  Receiver  Tests 


The  test  of  the  receivers  may  be  performed  on  two  levels. 

First  it  is  necessary  to  be  able  to  track  down  errors  and  de- 
ficiencies in  the  many  different  classes  of  receivers  that  can 
be  encountered.  Second,  it  is  desirable  to  have  a facility  which 
in  a unified  and  systematic  manner  evaluates  the  performance  of 
receivers,  checks  against  specifications  and  performs  an  overall 
comparative  analysis  of  competing  systems. 

With  a well  equipped  simulation  facility  such  as  CSEL,  these 
tests  can  be  done  both  prior  to,  and  after  the  launch  of  the  satel- 
lites with  considerable  savings  in  effort.  Prelaunch  tests  are 
the  only  way  of  securing  workable  receivers  for  the  first  evalua- 
tion of  the  GPS.  After  launch  of  the  phase  I satellites,  the  re- 
ceivers can  be  tested  in  the  simulation  facility  for  performance 
with  future  satellite  configurations,  as  well  as  future  signaling 
formats.  Even  more  significant  is  the  greater  ease  of  tracking 
down  receiver  errors  due  to  the  local  control  of  the  satellite 
signals.  The  reproducibility  of  experiments  is  equally  important 
in  this  context.  Thus  the  effect  of  changes  made  in  the  receiver 
can  easily  be  checked  under  conditions  that  may  only  occur 
relatively  seldom  in  the  final  implementation.  The  reproduci- 
bility is  also  necessary  for  the  comparative  analysis  of  several 
receivers.  Jamming  can  be  introduced  quite  simply  without  having 
to  perform  expensive  experiments  in  the  field. 

In  order  to  see  the  amount  of  features  that  can  be  tested, 
we  now  briefly  discuss  some  aspects  of  the  expected  receiver 
design. 
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3 . 3 . 2 . 2 Brief  J3osc-ri.pt ion  of  GOM  Features 


The  objective  of  the  GJ3M  receiver  series  is  to  provide  high 
anti- jam  equipment  for  validation  testing  of  the  NAVSTAR  GPS  and 
identification  of  complexity  and  cost  associated  with  meeting  the 
high  anti-jam  requirement.  The  major  functions  involved  in  this 
are  shown  in  Fig.  23  . 


The  high  performance  receiver  assembly  is  constructed  as  a 
Kalman  filter  using  both  satellite  signals  and  auxiliary  inputs 
to  determine  its  position.  The  use  of  inertial  components  makes 
it  possible  for  the  receiver  to  keep  accurate  track  of  its  po- 
sition during  long  periods  of  signal  loss.  The  Inertial  Measure- 
ment Unit  (IMU)  may  also  assist  in  refining  the  navigation  solu- 
tion during  periods  of  normal  signal  reception.  A barometric 
altimeter  can  stabilize  the  vertical  component  of  the  inertial 
system.  The  effect  of  the  filtering  is  to  average  over  several 
measurements,  so  that  a particular  position  estimate  will  depend 
on  both  past  and  present  signal  delays  and  accelerometer  outputs. 
For  this  to  work  ideally,  the  time  constants  of  the  receiver 
filter  should  be  smaller  than  those  of  the  channel  (including 
unpredictable  receiver  motions).  It  is  not  a priori  known  how 
this  receiver  will  be  implemented,  but  anything  between  almost 
completely  software  and  almost  completely  hardware  approaches 
is  possible. 
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The  antenna  system  is  an  important  part  of  the  GDM  receiver, 
as  it  is  the  first  step  in  jamming  suppression.  The  receiver  is 
scheduled  to  operate  with  both  a baseline  antenna  and  a high- 
performance  antenna.  Both  antenna  systems  will  operate  with 
satellites  at  an  elevation  of  5°  or  more.  A high  performance 
antenna  may  use  new  advanced  technology,  with  multi-element 
arrays  to  improve  the  suppression  of  jamming  and  multipath. 
Several  configurations  are  possible,  and  the  antenna  operation 
may  be  integrated  with  the  receiver  operation  in  a way  to  make 
realistic  simulation  difficult.  However,  the  operation 
with  the  baseline  antenna  is  relatively  easy  to  simulate.  The 
baseline  antenna  assembly  consists  of  two  conformal  crossed 
slot  antennas  to  provide  hemispheric  coverage  and  a conformal 
annular  slot  antenna  providing  low  angle  coverage.  The  assembly 
may  provide  only  one,  two,  or  three  RP  inputs  to  the  receiver. 
Therefore  the  antenna  can  be  included  in  the  simulation,  and 
RF  input  provided  directly  at  the  input  to  the  preamps. 

The  receiver  will  be  able  to  operate  in  several  modes  all  of 
which  may  be  tested  by  simulation.  The  primary  GDM  receiver 
models  are  determined  by  combinations  of  several  factors. 

• 4 to  5 satellite  signals  received  simultaneously 

• 2 satellite  signals  received  at  a time 

• L2  signals  only  received  sequentially, 

LI  signals  simultaneously 

• Ll  & L2  signals  received 

• Ll  only 

• inertial  signals  utilised 

• altimeter  measurements  used 

• ionosphere  model  used  (Ll  only) 

• troposphere  model  used. 
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In  addition 


the  system  may  operate  in  several  secondary  modes. 


• Receiver  self-test. 

• Inertial  system  ground  alignment. 

• Inertial  system  in-air  alignment 

• Inertial  navigation  only. 

• Initial  acquisition. 

The  receiver  shall  satisfy  requirements  for  initial  signal 
acquisition,  reacquisition,  and  synchronization  recovery  under 
specified  conditions  of  jamming  and  vehicle  motion.  The  degree 
to  which  these  requirements  are  satisfied  can  be  tested  by  the 
simulation. 

3 . 3 . 2 . 3 Satellite  Effects 

The  signals  transmitted  from  the  satellites  contain  both 
ranging  waveforms  with  a low  sidelobe  auto-correlation  function, 
and  binary  data  with  information  on  the  satellite's  position, 
velocity,  clock,  attitude,  as  well  as  ionospheric  and  tropo- 
spheric data.  This  information  may  be  transmitted  on  either 
of  the  two  carriers  Ll  — 1.6  GHz,  and  L2  ~ 1.2  GHz. 

The  motion  of  the  satellite  affects  the  received  signals, 
creating  Doppler,  Doppler  changes,  etc.  For  the  purpose  of 
testing  the  receiver,  it  is  adequate  to  assume  a circular  orbit 
around  the  inertial  center  of  the  earth.  It  will  be  pract- 
ical to  simplify  this  trajectory  further  and  approximate  it  by 
small  piecewise  linear  segments. 
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3. 3. 2. 4 Propagation  Effects 

Another  objective  of  the  simulation  is  to  test  the  response 
of  the  GDM  receiver  to  several  important  propagation  phenomena. 

The  receiver  may  include  software  designed  to  correct  some  of  the 
errors  induced  by  propagation  effects,  and  realistic  tests  of 
this  software  are  needed  for  meaningful  evaluation  of  the  recei- 
ver. We  now  summarize  some  of  the  effects  that  may  be  found. 

The  troposphere  will  cause  errors  in  the  delay  estimate 
due  to  a velocity  of  propagation  slightly  smaller  than  the  free 
space  velocity  of  light.  This  effect  is  particularly  pronounced 
for  low  elevation  satellites,  and  the  tropospheric  delay  is  there- 
for to  be  calculated  for  several  points  of  the  satellite  trajec- 
tory, and  under  representative  atmospheric  conditions.  Prefer- 
ably a stochastic  model  should  be  used  in  order  to  avoid  the 
perfect  behavior  that  could  arise  if  the  receiver  happens  to  be 
using  the  same  model. 

The  ionosphere  can  introduce  even  larger  delay  errors.  The 
receiver  can  compensate  for  these  errors  in  two  ways.  The  best 
is  to  use  the  two  frequency  reception  technique,  taking  advantage 
of  the  fact  that  the  delay  is  inversely  proportional  to  the  square 
of  the  frequency.  Thus  both  frequencies  need  to  be  incorporated 
in  the  simulation,  and  differential  delay  properly  simulated 
including  deviau  "'ns  from  the  theoretical  formula. 

The  relevant  theory  of  ionospheric  delay  was  discussed  in 
Section  3.2,  along  with  a summary  of  several  empirical  ionos- 
phere models. 

The  atmosphere  may  introduce  a Doppler  error  which  is  due 
to  the  deviation  of  the  path  from  the  straight  line  between 
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transmitter  and  receiver.  It  is  shown  in  Appendix  A that  this 
frequency  error  is 

Af  = — . (n  sin  0,  - sin  8 ) R 

c s o 1 o o 

wh  .re 

dg  = angular  velocity  of  the  satellite 

nQ  = surface  refractivity 

R = Radius  of  Earth 

o 

0^  = incidence  angle  of  arriving  path 

9q  = incidence  angle  to  the  satellite. 

A rough  calculation  in  Appendix  A indicates  that  the  ionospheric 
Doppler  can  be  ignored.  At  low  elevations  strong  gradients  in 
the  troposphere  may  cause  a noticable  shift  in  frequency,  but 
it  will  not  be  necessary  to  simulate  this  effect  unless  the 
receiver  is  equipped  to  compensate  for  this  error. 

Ionospheric  ir.hcmogenities  can  cause  fluctuations  in  both 
delay  and  amplitude  (scintillation)  of  the  received  signal,  due 
to  the  combined  motions  of  the  satellite,  tl r receiver,  and  the 
ionosphere.  The  time  scale  of  ionospheric  fluctuations  was  estimated 
in  an  earlier  memo  to  be  on  the  order  of  seconds  or  longer.  This 
should  be  large  enough  to  avoid  significant  effects  on  the  recei- 
ver dynamic  filters.  In  addition  the  rms  fluctuation  of  the  electron 

....  11  3 

density  is  believed  to  be  so  small  (10  electrons/m  estimated  fcy 

15  3 

Booker,  [25],  out  of  approximately  10  electrons/m  ) that  the  cor- 
responding delay  fluctuations  can  be  ignored. 

Scintillation  at  the  frequencies  involved  is  relatively  small 
as  it  generally  follows  an  inverse  power  law  with  frequency. 

It  is  convenient  to  describe  the  scintillation  in  terms  of  the 
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m parameter  of  the  Nakagami  m-distribution.  This  parameter 
can  be  related  to  the  various  scintillation  indices.  The  vari- 
ation with  frequency  is 


nlL  fl 

log  — / log  — ~ = r\  . 

”2  f2  m 
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The  spectral  index  ranges  from  2 to  4,  with  the  most  likely 
value  around  3.  The  rr.~ parameter  at  1.2  to  1.6  GHz  can  be  over 
1000  resulting  in  only  a few  percent  scintillation.  Thus  it  may 
not  be  necessary  to  include  this  effect  either. 


Multipath  can  result  in  much  deeper  fades  and  significant 
delay  errors.  The  order  of  magnitude  of  delay  errors  that  can  be 
expected  were  analyzed  in  a previous  memo  for  a receiver  of  the 
passive  matched  filter  type.  Similar  errors  can  be  expected  for 
an  active  filter  receiver.  Since  the  multipath  will  also  induce 
erroneous  Doppler  shifts,  it  is  clear  that  some  multipath  capa- 
bility should  be  included  in  the  simulation  facility. 


3 . 3 . 2 . 5 Jamming  Tests 

Ti.e  simulation  facility  should  provide  for  various  kinds  of 
jamming  teats,  such  as  CW,  pulse,  and  repeat  jamming.  The  effect 
of  multiple  jammers  can  be  simulated  in  connection  with  the  base- 
line antenna.  Mors  complicated  tests  of  the  antijam  capability 
of  the  high  performance  antenna  system  might  be  possible  using  the 
CSEL  roof-top  facility  and  available  airborne  or;  ground  band 
jamming  transmitters. 

The  jamming  may  cause  deteriorated  navigation  accuracy,  pro- 
longed or  complete  absence  of  initial  acquisition,  as  well  as  lack 
of  reacquisition  or  synchronization  capability.  This  may  occur 
for  one  or  all  satellites.  It  is  for  these  situations  that  a 
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simulation  involving  the  inertial  system  is  important. 


3 . 3 . 2 . 6 Summary  of  Features  to  be  Exercised 

We  now  collect  the  results  of  the  discussions  in  the  pre- 
vious sections,  and  summarize  the  total  amount  of  features  that 
should,  or  might,  be  tested  by  the  simulation.  The  relative  im- 
portance of  some  of  the  various  effects  to  be  simulated  is  briefly 
touched  upon. 

1)  Selection  of  four  satellites  for  best  GDOP  when  more 
than  four  satellites  can  be  received.  This  is  of 
secondary  importance  for  checking  GDM  operation,  and 
can  be  omitted  when  the  cost  per  satellite  simulated 
is  high.  Alternatively  a simple  low  accuracy  fifth 
satellite  can  be  used. 

2)  r,  r measurements 

3)  Data  demodulator 

4)  Kalman  filter  dynamics 

5)  Inertial  Measurement  Unit  errors.  Important  during 
jamming  experiments. 

6)  GDM  computer  programs,  local  performance  estimates,  etc. 

7)  Sequential  or  simultaneous  signal  processing.  See 
Section  2.2  for  details. 

8)  Atmospheric  corrections,  both  ionospheric  and  tropo- 
spheric. Important  for  medium  accuracy  receivers 
using  only  the  Ll  frequency. 

9)  Jamming  immunity. 

iO)  Multipath  protection. 

11}  Operational  modes. 

3.2)  Performance  with  partial  satellite  loss. 
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13)  Base-line  antenna  assembly. 

14)  High  performance  antenna  assembly.  A complete  test 
with  this  antenna  may  be  too  costly. 

15)  Initial  acquisition  performance, 

16)  Reacquisition. 

17)  Synchronization  recovery. 

18)  Data  recovery. 

3.3.3  Requirements  for  a Successful  Simulation 

In  this  section  we  discuss  in  more  detail  some  of  the  require- 
ments that  must  be  met  by  the  individual  parts  of  the  simulator. 

This  includes  both  configuration  and  accuracy  requirements. 

3 . 3 . 3 . 1 Satellite  J^ela ted  Requirements 

Each  satellite  emits  two  frequencies,  Ll  ~ 1.6  GHz  and 
L2  ~ 1.2  GHz.  The  data  and  protected  sequence  are  modulated  at 
a rate  of  10  M bits/sec.  It  is  assumed  that  the  transmitting  band- 
width is  20  MHz,  such  that  the  sidelobes  in  the  signal  spectrum 
can  be  ignored. 

The  Doppler  shift  introduced  by  the  satellite  can  be  calculated 
using  the  notation  defined  in  Fig.  24.  The  radial  velocity  is 
seen  to  be 


vr  = vsat  cos  (9  + a) 


R 

= — - v cos  e. 

R sat 
s 


(296) 


For  a 12  hour  period  satellite  in  a circular  orbit,  we  have 


R = 20218  fcm 

s 


v = 3870  m/s. 

sat 
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R is  the  earth  radius 
,•  R = 6374  km. 

At  the  lowest  elevation  of  9 = 5°,  we  have 

v = 1215  m/s. 

r 

giving  a Doppler  shift  at  1.6  GHz  of  6.5  kHz.  This  calculation 
ignores  the  effect  of  the  rotation  of  the  earth,  which  depends 
on  the  latitude  and  longitude  of  the  receiver  as  well  as  the 
orientation  of  the  satellite  orbit.  If  the  satellites  follow 
the  rotation  of  the  earth,  the  above  value  is  a worst  case,  if 
not,  10  kHz  can  be  taken  as  the  worst  case  value. 

To  generate  the  Doppler  shifts  a frequency  synthesizer  is 
required  which  shifts  both  the  Ll  and  L2  carriers,  as  well  as 
the  modulation  rate.  Without  going  into  the  precise  construction 
of  the  synthesizer,  we  can  still  discuss  the  main  feature  of  its 
operation.  The  functional  diagram  is  shown  in  Fig.  25.  The 
synthesizer  is  conceived  as  a completely  digitally  controlled 
device,  with  the  main  input  being  the  Doppler.  Direct  read-out 
of  the  phase  is  possible,  and  the  current  phase  can  be  reset 
when  desired.  When  only  the  frequency  is  input,  the  current 
phase  is  computed  digitally  by  simply  adding  the  binary  number 
representing  the  frequency  of  the  phase  accumulator  at  a fixed 
rate.  The  digital  phase  is  converted  to  a low  frequency  analog 
phase,  which  again  is  converted  to  the  modulation  frequency  and 
IF  or  RF.  The  synthesizer  discussion  is  based  on  a design  resolu- 
tion criterion  of  < 1 nsec  delay  errors,  and  < .01  ft/sec  velocity 
errors . 

The  rate  at  which  the  frequency  synthesizer  is  controlled 
determines  the  accuracy  of  the  simulated  trajectory.  For  practical 
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Figure  25.  Frequency  Synthesizer. 
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reasons  a maximum  of  100  Doppler  updates  per  second  is  considered. 
We  can  then  evaluate  the  worst  case  post ion  errors  due  to 
this  Doppler  sampling.  Assuming  a maximum  acceleration  of 
10  G,  the  velocity  may  change  by  as  much  as  1 m/sec  in  a 10  msec 
interval.  This  is  considerably  larger  than  the  synthesizer  reso- 
lution, but  will  result  in  adequate  trajectory  representation 
over  several  samples,  as  the  receiver  performs  some  averaging. 
However,  the  successiv  Doppler  shifts  must  be  carefully  cal- 
culated so  as  to  average  out  the  errors  over  several  updates. 

We  shall  see  later  that  this  is  particularly  important  when 
controlling  the  delays  with  the  frequency  synthesizer. 

The  update  time  interval  chosen  is  of  the  same  order  of 
magnitude  as  the  maximum  differential  delay  between  two  satel- 
lites . Table  19  shows  the  delay  between  signals  from  a 
satellite  at  zenith,  and  a satellite  at  an  elevation  of  0°. 


TABLE  19.  MAXIMAL  DIFFERENTIAL  DELAYS 


e 

Delay,  msec 

o 

o 

17.8 

5° 

16 

10° 

14 

15° 

12.8 

20° 

11  1 

25° 

9.5 

30° 

8.1 
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Thus  one  satellite  may  be  updated  up  to  two  times  after  reception 
before  tht  corresponding  signal  from  another  satellite  is  received. 
This  is  impu  tant  for  some  considerations  concerning  delay  control 
in  Section  3.3.5. 

3. 3. 3. 2 Propagation  Effects 

The  delay  introduced  by  the  ionosphere  is  discussed  in 

Section  3.2.  It  was  found  that  ionospheric  delays  can  be  as 

o 

large  as  50  nsec,  and  up  to  200  nsec  at  a 5 elevation  of  the 
satellite.  At  1.2  GHz  at  most  350  nsec  can  be  expected.  It 
was  seen  in  Section  2 that  Doppler  effects  in  the  ionosphere 
can  be  ignored. 

Tropospheric  delays  were  calculated  by  Altschuler  and 
Kalaghan  [5]  who  found  delays  of  7 nsec  at  vertical  incidence 
and  80  nsec  at  a 5°  elevation.  In  total,  at  most  300  to  400  nsec 
atmospheric  delay  can  be  expected,  and  this  has  to  be  calculated 
for  each  satellite  with  the  accuracy  required  ( 1 nsec) . 

The  path  scintillation,  and  the  sky  noise  (if  necessary)  do 
not  require  great  accuracy,  since  reproducibility  is  the  only 
important  factor  here. 

As  discussed  in  Section  3.2,  multipath  delays  greater 
than  100  to  200  nsec  need  not  be  simulated  directly,  since  the 
reflected  signal  appears  as  noise  at  larger  delays.  Great  ac- 
curacy is  not  required  in  the  differential  delay,  since  the 
performance  will  not  be  much  different  at  relatively  close  de- 
lays. The  requirements  are  based  on  short  delay  and  deep  fades, 
and  longer  delays  with  an  arbitrary  phase  relationship  between 
the  direct  and  reflected  signals.  Delays  smaller  than  10  nsec 
should  not  be  necessary.  Accuracy  requirements  on  the  attenuation 
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are  not  very  stringent  either;  only  the  case  of  near  perfect 
reflection  and  a 180°  phase  shift  requires  some  care,  as  it  can 
result  in  complete  signal  fades. 

3 . 3 . 3 . 3 Simulation  of  Auxiliary  Sensors 

The  simulator  shall  provide  X,  Y,  Z acceleration  inputs 
to  the  GDM  receiver,  as  well  as  barometric  altitude.  These  inputs 
may  be  provided  directly  to  the  GDM  data  processor,  or  via  the  de- 
signated interfaces. 

The  accuracy  required  of  the  acceleration  inputs  may  be  de- 
termined by  the  accuracy  of  the  inertial  syster  itself.  The 
maximum  accuracy  can  be  found  without  reference  to  the  particular 
device,  however.  If  the  accelerations  are  updated  100  times  per 
second,  and  a velocity  uncertainty  less  than  .01  feet/sec  is 

desired,  then  the  necessary  acceleration  accuracy  is  approximately 
2 

.3  m/s  . The  inertial  trajectory  (i.e,,  as  computed  from  inertial 
input)  is  then  approximated  by  sections  of  constant  acceleration. 

ne  accelerations  needed  for  the  simulation  ce»n  be  calculated  as 
output-  of  a digital  filter,  cs:  directly  by  the  formula 
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where  t*  - -01  sec. 

The  altitude  measurement  uncertainty  is  given  by  the  proper- 
ties of  the  altimeter.  It  need  not  be  given  with  any  greater 
accuracy  than  the  system  accuracy  of  1 nsec.,  and  may  be  orders  of 
magnitude  larger  with  conventional  barometric  altimeters. 


3 . 3 . 3 . 4 Antenna  Effects 

Some  antenna  effects  need  to  be  included  in  the  simulation, 
as  they  may  have  rather  important  consequences  for  the  performance. 
Simulation  of  the  . jh  performance  antenna  is  not  considered  feasible 
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at  this  stage,  however,  so  we  concentrate  on  the  baseline  antenna 
system.  The  simulator  supplies  RF  signals  to  the  preamplifier  for 
each  antenna.  It  is  generally  reasonable  to  assume  that  the  an- 
tennas are  so  closely  spaced  that  any  differential  delay  can  be 
disregarded.  If  this  is  not  the  case,  a short  delay  can  be  intro- 
duced using  tapped  coaxial  cable  delay  lines.  This  complicates 
the  combining  of  the  satellite  signals  somewhat,  and  should  be 
avoided  if  possible.  It  is  necessary  for  receivers  using  widely 
spaced  antennas  combined  with  software  corrections  based  on  at- 
titude estimates.  In  this  case  it  may  also  be  necessary  to  pro- 
vide attitude  sensors  to  the  receiver. 

3. 3. 3. 5 Best  Achievable  Accuracy 

The  accuracy  obtainable  with  an  optimal  receiver  is  found 
in  terms  of  the  Cramer-Rao  bound  in  Appendix  B.  Based  on  a 
transmitter  power  of  450  W,  a receiver  noise  temperature  of 
300°  K and  a distance  of  12,000  km,  the  lower  bound  of  the  ranging 
error  is  determined  as  a function  of  the  additonal  gain  due  to 
the  integration  and  the  antenna  pattern.  The  results  are  repeated 
in  Table  20.  With  an  antenna  gain  of  20  dB,  and  a processing  gain 
of  30  dB,  a ranging  error  of  less  than  one  foot  is  theoretically 
possible.  This  substantiates  the  soundness  of  the  high-rcsolution 
requirements  of  the  simulator. 


TABLE  20.  THEORETICAL  ACCURACY  BOUNDS 


Total 

Gain 

IdB] 

— i 

Ranging  Error 
[feet] 

20 

26 

25 

14.6 

30 

8.2 

35 

4.6 

40 

2.6 

45 

J -5 

50 

.82 
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simulation,  as  emerging  from  the  discussion  above. 

1)  Attenuation,  not  critical 

2)  Delay,  1 ns  accuracy 

3)  Doppler,  19  mHz  accuracy 

4)  Scintillation,  as  in  1) 

5)  Multipath  delay  0 - 200  ns,  resolution  not 

critical 

7)  Inertial  system  parameters,  see  Section  3. 3. 3. 3. 

8)  Altitude  (Barometric) 

9)  Data 

10)  Number  of  satellites,  maximum  5 

11)  Jamming  waveforms 

12)  Individual  antenna  input,  degree  of  complexity 

depending  on  conditions 

13)  Attitude  measurements  (optional) 

3.3.4  How  to  Meet  the  Requirements 


In  this  section  we  discuss  how  to  accomplish  the  tasks  set 
out  in  Section  3.3.3.  The  main  thrust  is  on  the  division  of  the 
system  into  IF/RF  hardware,  digital  hardware,  and  software. 


3 . 3.4.1  Tasks  to  be  Implemented 

A large  amount  of  the  tasks  arc  inherently  software  oriented. 
This  includes  the  computation  of  satellite  and  receiver  traject- 
ories. coordinate  t-  fane  fnrma  4-  n r\n  -»  ▼>»  3 v<n  - . 
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tions,  as  well  as  generating  the  necessary  auxiliary  data  and 
parameters  (inertial  system,  altimeter,  command  of  GDM  display 
systems,  etc.).  All  of  these  calculations  are  fairly  standard  and 
computational  procedures  exist  in  most  cases. 
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The  atmospheric  delay  calculations  will  clearly  also  require 
software  control.  The  ionospheric  model  uses  pseudo  ionospheric 
parameters,  some  of  which  may  also  be  supplied  to  the  receiver, 
either  directly  or  via  the  downlink  data  modulation.  As  an 
example,  the  NASA- DBA  model  (Bent  et.  al.,  [6])  is  specified 
by  seven  parameters 

(1)  The  critical  frequency  f F2 

(2)  The  height  of  the  F2  layer  (h^) 

(3)  The  half  thickness  of  the  bottom  side  layer  (y  ) 

(4)  The  half  thickness  of  the  top  side  layer  (y  ) 

(5)  k^,  decay  constant  for  lower  third  of  top  side  layer 

(6)  k^,  decay  constant  for  middle  third  of  top  side  layer 

(7)  k3,  decay  constant  for  upper  third  of  top  side  layer. 

These  parameters  are  computed  from  generally  available  observa- 
tions, such  as  fQ  F2,  maximum  usable  frequency  factor,  daily  solar 
flux,  running  average  of  monthly  solar  flux,  magnetic  dip,  geo- 
graphic and  magnetic  latitude,  time  of  day,  season,  etc.  In  ad- 
dition to  performing  these  calculations,  xt  can  be  necessary  to 
add  a random  term  to  the  computed  delay  to  avoid  the  GDM 
receiver,  using  the  same  model,  calculating  the  ionospheric  delay 
exactly.  The  tropospheric  model  requires  similar  calculations. 

The  parameters  involved  were  described  in  the  previous  memo  on 
the  GP  S s i mu  la  t i ori  fa  c i 1 ity . 

The  remaining  tasks  can  bo  implemented  in  hardware. 

This  includes 

8 Generation  of  satellite  signals  with 
Doppler  shifts 

* Modulation  of  p~ sequences  and  down-link  data 
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• Jamming  (interference) 

• Construction  of  inputs  to  antenna  elements 

• Scintillation. 

These  tasks  can  be  achieved  in  various  IF/RF/Digital  configurations 
which  will  be  discussed  later. 

3 . 3 . 4 . 2 Methods  of  Implementation 

In  the  most  desirable  system  the  entire  simulation  is  per- 
formed in  one  on-line  operation.  This  would  permit  real-time 
operator  control  of  the  vehicle  trajectory  with  immediate  display 
of  the  navigation  performance.  As  a result,  easier  determination 
of  worst  case  receiver  conditions  could  be  performed.  Unfortunately, 
the  amount  of  numerical  computations  necessary  to  accomplish  such 
a task  is  tremendous  and  a practical  computer  capacity  prohibits 
such  operation.  The  software  tasks  are  therefore  divided  into 
off-line  and  on-line  computations.  The  description  of  these  tasks 
is  presented  in  Section  3.3.6  with  an  approximate  evaluation  of 
the  complexity  involved. 

The  items  designed  for  a hardware  implementation  are  treated 
in  Sections  3.3.5  and  3.3.7.  We  do  not  discuss  the  implementation  of 
the  frequency  synthesizer,  but  only  the  use  of  a synthesizer  in 
constructing  a realistic  model  of  the  channel.  The  main  problems 
with  the  creacion  of  a variable  delay  and  the  handling  of  the  GDM 
antenna  are  treated  in  Section  3.3.5,  while  Section  3.3.7  contains  the 
hardware  requirements  for  various  configurations.  Some  of  the 
main  alter  'atives  involved  in  the  choice  of  system  configurations 
are 
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1)  IF  or  RF  channel  simulation 

2)  open  or  closed  loop  delay  control 

3)  where  to  introduce  jamming. 

A number  of  alternatives  causing  compromises  in  simulation  perform- 
ance are  treated  in  the  next  paragraph. 

3. 3. 4. 3 Compromises  of  the  Complete  Implementation 

As  has  been  mentioned  earlier,  the  simulation  of  the  complete 
GDM, including  the  high  performance  antenna  assembly,  may  be  im- 
practical when  too  many  antenna  elements  are  involved.  We  shall 
therefore  restrict  ourselves  to  consider  use  of  the  baseline  an- 
tenna assembly  only.  This  leaves  us  with  the  baseline  simulator 
configuration  in  Fig.  26.  of  course,  this  does  not  necessarily 
mean  that  the  high  performance  antenna  cannot  be  included  if  it 
only  has  a few  dements. 

It  will  be  seen  in  Section  3.3.5  that  even  the  baseline  antenna 
can  require  a large  amount  of  RF  circuitry  due  to  the  several  an- 
tennas and  their  directional  patterns.  At  the  cost  of  a less 
informative  simulation  this  can  be  reduced  by 

a)  Consider  omnidirectional  antennas  and  ignore 
individual  fading. 

b)  Use  of  only  one  antenna  element  in  the  trans  fer  of 
the  signals  to  the  GUM,  and  supply  the  GDM  with 
the  information  necessary  for  neglecting  the  re- 
maining elements. 

A major  contribution  to  the  cost  of  the  simulation  facility 
is  the  need  for  eight  frequency  synthesisers  to  represent  the 
two-frequency  transmissions  from  the  satellites.  With  an  alterna- 
tive method  discussed  in  Section  3,3.5,  four  frequency  synthesizers 
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and  four  variable-delay  lines  are  needed.  A substantial  reduction 
of  hardware  requirements  can  bo  achieved  by  only  tasting  the  range 
and  range  rate  performance  on  a single  satellite-receiver  path. 

The  configuration  is  sketched  in  Fig.  27.  in  this  approach  only 
one  channel  is  simulated  j.i  hardware,  and  the  rest  are  represented 
by  digital  3 i-ks  supplying  he  information  directly  to  the  GDM 
computer.  The  implementations  of  this  method  requires  signifcant 
modifications  of  the  GDM  software  and,  as  a consequence,  can  not 
serve  to  evaluate  a large  part  of  the  software  performance.  It 
will  still  be  possible,  however,  to  check  the  K-filter  operation, 
the  utility  of  inertial  and  auxiliary  parameters,  the  position  and 
velocity  computation  program,  G110P  performance,  in  fact  anything 
but  antenna  performance,  pseudo-range  and  range  rate  correlations, 
and  GDM  software  efficiency. 

Other  simplifications  include  the  elimination  of  all  or  part 
of  che  multipath,  scintillation,  and  noise  capabilities,  all  of  which 
are  deemed  to  be  of  secondary  importance. 

3.3.5  Methods  of  .Implementing  some  of  the  Requirements 

We  discuss  here  some  of  the  requirements  that  may  need  a 
hardware  implementation.  Excluded  is  the  construction  of  the 
frequency  synthesiser,  as  it  has  been  treated  elsewhere.  The  main 
problem  is  the  simulation  of  delays,  and  we  will  present  four 
methods  of  implementing  these  delays.  These  methods  consist  of 
open  loop  and  closed  loop  clock  control,  and  two  tapped  delay  line 
configurations.  We  vjil  also  briefly  discuss  the  construction  of 
the  antenna  inputs. 
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3 . 3 . 5 . 1 Open  Loop  Clock  Control  of  Delay  and  Doppler 


If  all  satellites  are  controlled  by  independent  clocks,  run- 
ning one  clock  faster  than  another  will  affect  both  carrier  and 
modulation  and  effect  a linearly  increasing  delay,  since  the  recei- 
ver will  receive  in  a fixed  time  more  pulses  from  one  satellite 
than  from  the  other.  In  practice  we  can  not  expect  independent 
clocks  per  se,  but  rather  a series  of  frequency  synthesizers  as 
in  Fig.  26. 

Delays  are  controlled  easily  using  these  synthesizers  by 
simply  controlling  the  Doppler  frequency  input.  Some  errors  may 
be  introduced  in  this  approach  due  to  Doppler  quantization  and 
other  uncertainties.  We  analyze  first  the  delay  errors  accumulated 
over  a given  time  assuming  that  the  Doppler  is  stepped  at  inter- 
vals of  A = .01  sec  and  with  independent  quantization  errors  of 
10  mHz. 

Suppose  that  at  time  t=T  the  carrier  phase  is  u,'o(t-T)  + cpQ, 
and  that  at  this  time  the  frequen-"  changes  to  The  phase  at 

time  t is  then 

<P  (t)  = uJ-i  (t-T)  + cp 

1 o 

or 

/ (uy-m) 

<P(t)  = U)  ( t - T + (t-T)  ) + cp  . (298) 

o 

Thus  a time  delay  at  T+A  of 

U)  -U), 

7.  = — - — - A (299) 

x 

has  been  effected.  The  total  delay  after  n changes  in  frequency 
is 
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If  the  frequency  changes  continually,  this  can  be  written 


T+t  UJ  -uj(o) 

T(t)  = j — da.  (301) 

T o 

Let  us  call  the  Doppler  offset 

6 ui  = U)0_U).  (302) 


We  consider  two  types  of  errors,  namely  the  case  of  a constant 
Doppler  offset  error,  and  the  case  of  independent  uniformly  dis- 
tributed frequency  errors  due  to  random  quantization  errors. 

Assuming  the  frequency  resolution  at  1.6  GHz  is  19  mHz  we  have 
a maximum  offset  of  9.5  mHz  ( ~ 10  mHz).  If  a constant  error  of 
10  mHz  exists  in  the  Doppler,  the  error  after  T sec  is 


6 T. 


max 


T x 


10  mHz 
f 

o 


(303) 


When  the  center  frequency  is  1.6  GHz  and  a maximum  delay  error 
of  1 nsec  is  allowed,  then  we  get 

1.6  GHz 

T < 1 nsec  x — rr — ~ = 160  sec. 

— 10  mHz 

Thus  a constant  frequency  error  of  this  magnitude  implies  that 
the  simulation  can  only  run  2 to  3 minutes  without  excessive 
delay  errors. 

The  second  case,  which  appears  more  lihely,  can  be  analyzed 
by  calculating  the  variance  6t2  of  the  delay  error,  since  now 
it  is  assumed  that  6t  - 0.  We  have  from  Eq.  (300) 
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This  time  is  so  large,  that  errors  during  normal  simulation 
can  usually  be  ignored. 


Thus  only  biased  errors  can  have  a significant  effect,  and 
we  easily  see  how  to  eliminate  any  bias  that  may  arise  in  the 
quantization  process  itself.  It  simply  consists  of  tracking  the 
phase,  and  controlling  the  Doppler  to  keep  a bounded  phase  error. 
This  is  easily  done  digitally,  and  eliminates  the  bias  completely. 

However,  there  may  still  be  errors  introduced  in  the  later 
analog  stages  of  the  synthesizer,  and  such  errors  will  accumulate. 
In  addition,  there  can  b<.  problems  in  setting  up  the  initial  time 
delay  for  a simulation  experiment.  Since  the  loop  is  not  closed, 
errors  :r.  the  initial  delay  will  not  disappear.  In  the  next 
section  we  develop  a very  simple  digital  technique  for  closing 
the  loop,  thus  eliminating  the  uncertainties  left  in  the  above 
scheme. 
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3.3.5. 2 Doppler  Control  with  Delay  Feedback  Compensation 


The  principle  of  the  feedback  loop  is  shown  in  Fig.  28.  The 
delay  with  respect  to  a known  reference  is  measured  directly  on 
the  10  Mbps  baseband  sequence  before  modulating  it  on  the  carrier 
and  before  filtering  to  remove  the  sidelobes.  Thus  in  effect 
infinite  bandwidth  is  available  to  measure  the  delay/  and  high  ac- 
curacy is  possible.  The  measured  delay  is  compared  with  the  de- 
sired delay  funished  by  the  computer,  and  if  it  is  too  large, 
a positive  Doppler  correction  is  added  to  the  computed  Doppler, 
thus  allowing  the  delay  to  diminish.  Since  the  feedback  loop  is 
all  digital  the  implementation  is  extremely  simple.  It  also  turns 
out  that  independent  clocks  can  be  used  for  the  Doppler  updates  and 
for  the  delay  measurements  so  that  the  configuration  is  very 
flexible.  This  last  feature  holds  when  the  desired  Dopplers  and 
Delays  are  computed  according  to  the  simple  formula 

r , = t + ol«  A/  (305) 

ml  n n 

where  h again  is  the  period  between  Doppler  updates.  This 
amounts  to  c.pproximat ing  the  trajectory  by  linear  segments  before 
applying  the  inputs  to  the  synthesizer.  As  discussed  in  Section 
3. 3. 3.1,  velocity  errors  of  I m/sec  can  then  occur  over  short 
periods  of  time,  while  the  average  error  will  be  much  smaller. 

Fig.  29  shows  how  the  codei/delay  sampler  can  be  implemented. 
Both  the  reference  10  MHz  sequence,  and  the  satellite  10  MHz 
+Doppler  sequence  are  used  to  drive  M-sequence  generators  or  other 
similar  code  generators.  At  regular  intervals  a segment  of  the 
reference  sequence  is  frozen  in  a shift  register.  This  shift  regis- 
ter has  to  be  at  least  as  long  as  the  shift  register  in  the  genera- 
tor so  that  a particular  segment  only  occurs  once  in  the  entire 
sequence.  At  the  time  the  reference  sequence  is  frozen,  a counter 
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starts  which  only  stops  when  the  same  segment  is  detected  in  the 
satellite  signal.  The  detection  is  accomplished  by  a bitwise 
Ex.:lusive-OR' ing  of  the  two  sequences,  followed  by  a NOR'ing  of 
their  outputs.  When  the  NOR  gate  output  is  a 1,  the  two  shift- 
register  sequences  are  identical.  This  will  determine  delay  with 
respect  to  the  reference  to  within  100  ns  (coarse  delay  estimate) . 

The  fine  delay  estimate  is  found  by  measuring  the  phase  between 
the  two  clock  sequences.  This  is  the  only  part  of  the  delay  samp- 
ler that  may  not  be  completely  digital.  It  can  be  implemented  by 
a simple  integrator  and  wideband  sample  and  hold  devices  followed 
by  an  A/D  converter.  It  can  also  be  accomplished  by  counting  at 
a much  higher  rate,  or  by  correlating  the  two  clock  sequences. 

With  the  last  approach  it  is  necessary  to  use  the  output  of  the 
shift  register  comparison  to  resolve  the  phase  ambiguity.  It  is 
clear,  however,  that  a simple  inexpensive  implementation  can  be 
achieved. 

Since  only  relatively  small  segments  are  used,  the  relative  time 
contraction  of  the  two  sequences  will  not  influence  the  resulting 
estimate  of  the  delay.  The  circuit  in  Fig.  29  can  be  used  for 
each  satellite  and  each  transmitted  frequency,  a total  of  8 times. 
Only  the  reference  clock,  and  the  related  clock  filling  the  reference 
shift  register,  is  shared  by  all  satellites. 

Each  satellite  and  frequency  will  be  transmitting  mutually 
orthogonal  sequences.  A simple  way  of  accomplishing  this  is  to 
use  shifted  M-sequences.  A sequence  generated  by,  say,  a 33-stage 
shift  register  will  not  repeat  itself  for  a period  of 

(2^  - 1)  x 100  nsec  = 859  sec. 
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If  eight  shifted  versions  of  the  sequence  are  used  they  will  be 
orthogonal  over  a period  of  approximately  107  sec,  much  more 
than  needed  for  controlling  the  differential  delays  shown  in  Table 
19.  Although  it  is  convenient  to  use  an  M-sequance,  the  circuits 
will  work  with  any  finite  stage  sequence  generator,  so  that  nonlinear 
secure  codes  can  also  be  used.  The  only  requirement  is  that  the 
shift-registers  are  long  enough  to  assure  that  the  segments  only 
occur  once  in  the  entire  sequence. 

9 

We  now  analyze  the  performance  of  the  closed  loop  system  in 
Fig.  28.  It  is  assumed  that  the  desired  Doppler  and  delay  are 
related  by  Eq.  (305),  and  it  is  therefore  possible  to  model  the 
closed  loop  by  the  circuit  in  Fig. 30  . The  notation  used  in 
the  figure  is  as  follows.  The  desired  Dopp'  * 6tun  is  computed 
directly  from  the  desired  delay’s  Tn»  The  auditive  error 
is  due  to  quantization  errors  in  both  the  desired  Doppler  and 
in  the  Doppler  correction.  The  factor  a is  given  by 


A 

a “ ui  ' (306) 

o 

where  A is  the  Doppler  update  period.  T)  is  observation 

A A 

noise.  t is  the  actually  implemented  delay  while  T^  is  the 
delay  observed  by  the  delay  sampler  in  Fig.  29.  The  feedback  gain 
k is  to  be  chosen  subject  to  stability  and  accuracy  requirements. 

We  write  the  equation  of  evo]ution  for  the  closed  loop  system 
in  terms  of  the  error  in  the  implemented  delay. 


e 

n 


(307) 
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and  get 


en+l  “ (1  ” a1c)  en  " ak  \ ~ aen*  (308) 

This  is  independent  of  the  actual  desired  Doppler  6^,  and  holds 
even  if  the  delays  are  measured  at  a slower  rate  than  the  Doppler 
updates.  The  error  depends  only  on  the  initial  error  and  the  un- 
certainties an  . The  loop  is  stable  as  long  as 


1 - ak|  < 1. 


(309) 


Assuming  constant  gain  k and  2e'ro~mean  independent  errors, 
we  have 


2 „ , \2  2 2 2 2 2 2 

e_.,  = (1  - ak)  - en  + a a£  + a k a . 


'n+1 


(310) 


The  steady  state  error  for  a stable  system  is 
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~ a + k a 
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The  value  of  k minimizing  this  error  is 


k = 
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(312) 


and  the  minimum  steady  state  error  is 
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As  we  shall  see  later,  however,  this  optimal  value  is  not  practical 
because  it  results  in  too  long  an  integration  time. 


If  the  errors  e , r|  , contain  a bias,  the  mean  steady  state 

n n 

error  is 


l 

CD 


(314) 


This  shows  why  it  is  not  desirable  to  choose  k too  small. 

Before  considering  numerical  examples,  let  us  see  what  happens 
if  the  gain  is  allowed  to  vary.  Then  Eq.  (308)  becomes 


n+1 


” (1  - a k ) e^  - a 
n n 


- a k T| 


n n 


(315) 


For  zero-mean  errors  it 
k is 

n 1 
k = - 

n a 

Tne  error  variance  then 


is  easily  found  that  the  optimal  value  of 


2 


satisfies  the  equation 


(316) 


(317) 


The  steady  state  solution  to  this  nonlinear  equation  is  just  Eq. 
(313)  . It  is  interesting  to  note  that  Eq.  (315)  suggests 
a nonlinear  feed-back  scheme  which  will  eliminate  the  initial 
error  instantly. 


If  we  take 
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where  e'  = e + t)  is  the  measured  error,  then  we  have 
n n n 
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n+1 


= e 
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n ,2  2 
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If  e^  is  large,  then 


n+1 


- - T)  . 

n n 


If  e ' is  small, 
n 


e.  — e - ae  ~ -a  e - ti. 
n+1  n n n n 

The  nonlinear  feedback  therefore  reduces  the  error  to  that  of 

2 

observation.  By  using  a running  average  of  e^  instead  of  the 
instantaneous  value,  smaller  errors  result.  For  zero-mean  errors 
the  uncertainty  is 


This  is  in  contrast  to  the  case  where  a constant  gain  is  chosen 
which  requires  several  measurements  before  the  initial  error  is 

reduced.  However,  the  steady  state  performance  of  the  constant 
gain  filter  is  much  better. 

The  constant  gain  loop  performance  is  mainly  determined  by 
the  corresponding  time  constant.  We  shall  arbitrarily  define  this 
time  as  the  time  in  which  the  initial  error  is  reduced  by  90%, 
i.e. , 
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where 

1 1 - cth|n  = -1. 

We  now  consider  a numerical  example.  We  take 

A - 0.01  sec 

f = 1.6  GHz 

O 

a = 9.95  • 10  ^ sec^ 

- in*2  "I 

o =10  sec 

e 

<t  = 5 nsec  . 

The  minimum  steady  state  error  is  found  from  Eq.  (313) , 

e - a a ff  - 5 x 10  , 

e t| 

or 

*-  2.2  psec. 

Thus  extreme  accuracy  is  theoretically  possible  with  unbiased 
errors,  but  it  requires  a very  small  value  of  k,  and  hence  a long 
convergence  time.  Using  Eq.  (312)  it  is  found  that 


T1CW  ~ 40  min- 

It  is  therefore  necessary  to  consider  more  realistic  values  of 
k.  If  k is  chosen  such  that 
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c*  - 2.3  • lO-2. 

Then  we  find  from  Eq.  (311) . 

a = e =0.54  nsec  . 
t “ 

With  this  value  of  k the  steady  state  bias  in  Eq.  (314)  can 
also  be  ignored  if  r\  = 0,  and  T < ag. 

If  the  nonlinear  feedback  in  Eq.  (318)  is  used#  immediate 
convergence  results,  but  the  error  is  limited  by  the  observation 
error 

a a — 5 nsec. 

t r\ 

In  conclusion,  excellent  performance  can  be  obtained  using 
the  constant  gain  closed  loop.  The  choice  of  the  gain  is  mainly 
determined  by  reasonable  bounds  on  the  convergence  time,  which 
again  is  determined  by  the  aniouii4-  of  biased  error  in  the  Doppler 
offset,  as  well  as  the  stability  of  the  frequency  synthesizer. 

3.3. 5.3  Tapped  Delay  Line  Implementations 

A disadvantage  of  the  technique  in  Section  3. 3, 5. 2 is  that 
independent  frequency  synthesizers  are  needed  for  all  eight  chan- 
nels (2  frequencies  per  satellite).  As  an  alternative,  four  synthe- 
sizers can  be  used,  each  generating  both  the  Ll  and  L2  frequencies. 
In  this  way  the.  Doppler  will  still  be  correct  on  both  frequencies, 
but  it  will  not  be  possible  to  simulate  the  difference  between  the 
ionospheric  delays  at  the  two  frequencies.  This  differential  delay 
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will  in  all  likelihood  be  less  than  150  nsec,  and  it  may  therefore 
be  more  economical  to  use  a tapped  delay  line  to  simulate  this  part 
of  the  system. 

The  conceptually  simplest  way  of  implementing  the  tapped  delay 
line  is  to  have  a long  line  with  taps  spaced  at  1 to  2 nsec,  and 
then  simply  switch  from  one  tap  to  another  as  the  delay  changes. 

This  is  illustrated  in  Fig.  31.  It  is  immaterial  whether  the 
carrier  is  upconverted  before  or  after  the  line  with  this  configura- 
tion. The  variable  delay  is  designed  for  the  1.2  GHz  signal,  but  it 
will  usually  be  performed  at  IF,  say,  a 70  MHz  or  560  MHz  signal 
directly  from  the  synthesizer.  To  preserve  phase  continuity  when 
the  delay  is  switched,  it  is  desirable  to  space  the  taps  an  integral 
number  of  wave  lengths.  The  implementation  in  Fig .31  may  require 
several  hundred  electronic  switches,  which  may  be  too  complicated. 

A method  requiring  fewer  taps  is  shown  In  Fig.  32,  where  a de- 
lay is  changed  in  steps  by  pov.'ers  of  2.  Again,  phase  contimiity 
is  obtained  by  constraining  the  lengths  of  the  lines  to  integral 
multiples  of  the  wavelength.  The  control  of  the  line  in  Fig.  32 
is  also  simpler  since  it  is  derived  directly  from  the  binary  repre- 
sentation of  the  delay.  It  is  necessary  to  switch  between  two  delay 
lines  at  intervals  no  smaller  than  the  delay,  since  otherwise 

information  could  get  lost  in  the  switching  process.  This  will 
also  avoid  large  delay  switching  transients,  but  will  require  more 
delay  lines.  It  may  be  possible,  however,  to  t.ime-share  the 
second  delay  line  between  the  four  satellites,  since  the  maximum 
delay  of  approximately  200  nsec  is  much  smaller  than  the  rate  of 
updating  (once  every  10  msec  at  most).  An  alternate  method 
requiring  slightly  more  complex  switching  circuitry  and  a know- 
ledge of  the  next  delay  before  the  change,  is  illustrated  in 
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Fig.  33  for  a delay  line  of  maximum  length  7.  The  principle  is 
simply  to  set  up  the  next  delay  using  the  currently  unused  delay 
segments  and  an  alternate  output  to  be  switched;  only  the  output 
switch  is  activated  at  the  time  of  change  of  delay.  Fig.  33  only 
shows  the  connections  required;  the  set-up  of  the  switches  is  very 
simple,  and  is  shown  in  Fig.  34.  The  technique  assumes  that  the 
delay  only  changes  by  increments  of  one  unit  of  delay.  This  is 
a very  reasonable  assumption  in  most  applications,  including  the 
one  of  concern  here. 

One  final  method  deserves  mention.  It  utilizes  the  simple 
delay  line  simulation  in  Fig.  31,  but  with  variable  tap  gains 
rather  than  switches.  It  also  takes  advantage  of  the  bandlimiting 
in  the  transmitter  to  use  more  widely  spaced  taps.  It  can  be 
shown  that  the  optimal  spacing  is  slightly  denser  than  the  Nyquist 
spacing.  It  is  then  necessary  to  weight  several  taps  near  the  de- 
lay. Figure  35  shows  some  typical  tap  gains  as  a function  of 
the  delay.  The  exact  number  of  taps  required  using  this  approach 
can  only  be  calculated  after  a detailed  system  analysis,  but  a 
rough  estimate  can  be  obtained  if  we  assume 


(1) 

Delay  maximum 

150  ns 

(2) 

Bandwidth 

20  MHz 

(3) 

Tap  Spacing 

3 

4W  * 

It  is  then  seen  that  only  5 to  11  taps  are  needed.  Thus  this  ap- 
proach can  offer  substantial  savings  in  the  number  of  taps,  but 
the  control  of  the  gains  requires  somewhat  more  complicated 
circuitry. 
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3. 3. 5. 4 Antenna  Signal  Distribution 

As  discussed  in  Section  3. 3. 2. 2,  it  is  necessary  to  provide 
separate  inputs  to  each  antenna  in  the  assembly.  This  includes 
the  phasing  and  attenuation  of  all  eight  satellite  signals  for 
each  antenna.  We  assume  at  most  three  antennas,  as  in  the  base- 
line assembly.  The  Ll  and  L2  carriers  for  each  satellite  as  well 
as  at  least  one  Ll  jammer  and  one  L2  jammer  go  into  each  antenna. 

Two  different  approaches  are  possible.  One  is  to  keep  all 
carriers  and  jammers  at  an  intermediate  frequency  (e.g.,  70  MHz) 
all  the  way  from  the  frequency  synthesizer  through  multipath  and 
antenna  combination  networks  and  only  heterodyne  up  to  the  Ll  or 
L2  frequency  at  the  antenna  input.  This  will  at  least  save  some 
mixers,  since  there  are  fewer  antennas  than  satellites  and  jammers. 
The  other  approach  is  to  work  at  RF  throughout,  which  will  result 
in  some  savings  since  some  of  the  L-band  equipment  already  exists 
at  CSEL.  An  implementation  requiring  10  mixers  and  3-way  splitters, 
nine  four-way  combiners,  and  up  to  24  attenuator  and  phase  shifters 
is  shown  in  Fig.  36*  If  the  receiver  uses  only  one  antenna 

output  when  extracting  a particular  signal,  then  phase  shifters  are 
not  necessary.  The  attenuators  may  also  be  omitted  without  seriously 
affecting  the  quality  of  the  simulation  since  no  relative  attenua- 
tion corresponds  to  a worst  case  of  omnidirectional  antennas. 

However,  some  attenuation  may  be  important  when  one  antenna 
is  designed  for  low  elevation  satellites,  while  the  other  antennas 
are  aimed  at  high  elevation  satellites.  Fig.  37  shows  part  of 
a corresponding  all— if  combination  networks.  The  require- 
ments in  this  case  are  three  L-band  hybrids,  six  mixers,  and  six 
IF  5-way  combiners.  The  number  of  attenuators  and  phase  shifters 
is  as  before. 
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Figure  36.  The  Full  RF  Signal  Combining  Network. 


3 . 3 . 5 . 5 Summary  and  Recommendations 


We  have  in  this  section  discussed  the  implementation  of 
variable  delays  and  the  simulation  of  the  antenna  reception. 

The  two  main  methods  of  implementing  delay  are 


(1)  Eight  independent  frequency  synthesizers, 

with  delay  controlled  by  Doppler.  The  feedback 
method  of  Section  3. 3. 5. 2 is  recommended  to 
stabilize  the  delay. 

(2)  Four  independent  frequency  synthesizers,  with  delay 
controlled  by  Doppler.  They  would  create  both  Lx 
and  L2  signals  but  with  the  correct  delay  only  for 
the  LI  (1.6  GHz).  The  additional  delay  of  the  L2 
carriers  is  implemented  using  four  tapped  delav 
lines,  such  as  the  ones  in  Figures  31  through  33. 


The  choice  between  the  two  methods  should  be  based  on  the 
relative  costs  of  delay  line  vs.  synthesizer  implementation. 


3.3.6  Software  and  Computational  Requirements 

The  simulation  facility  requires  a fair  amount  of  software 
due  to  necessary  flexibility  of  the  system.  Various  degrees  of 
flexibility  can  be  obtained  depending  on  how  much  real-time 
analysis  is  desired.  We  will  here  make  a rough  sketch  of  the 
requirements  of  the  simplest  scheme,  where  all  computations  are 
done  beforehand,  and  only  the  minimum  amount  of  data  recorded  for 
the  real-time  simulation. 
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3.3,6. 1 Calculations  that  can  be  done  before  the  Simulation 


Many  of  the  calculations  can  be  done  most  economically 
beforehand.  This  includes  the  satellite  trajectory  and  atmos- 
pheric effects.  The  receiver  parameters  are  also  included,  but 
if  desirable, certain  real-time  control  of  the  receiver  is  possible 
at  the  cost  of  a much  more  complex  computer  programming  effort. 

Table  21  lists  the  necessary  program  functions  in  the  three 
stages:  Pre- simulation,  simulation,  and  post-simulation. 

Table  22  groups  some  of  the  data  storage  requirements  for 
the  off-line  pre-simulation  and  post-simulation  stages. 

3 . 3 . 6 . 2 Real-Time  Data  Requirements 

We  now  discuss  the  data  rates  and  computational  requirements 
of  the  simulation.  It  is  assumed  that  the  delay  feedback  of  Section 
3.3.5  is  used,  and  that  the  Doppler  is  to  be  computed  from  Eq.  (305), 
so  that  only  the  delay  need  co  be  recorded  on  the  input  tape.  The 
parameters  needed  on  this  tape  are  listed  in  Table  23.  Some  of 
these  parameters  should  be  updated  at  the  maximal  rate  of  100  per 
second,  while  others  can  be  updated  at  a much  slower  rate.  The 
high  rate  data  will  often  be  sufficiently  slowly  varying  so  that 
a differential  encoding,  or  more  advanced  prediction  error  cor- 
recting methods,  can  reduce  the  data  rate  considerably.  We  now 
discuss  the  required  data  rates  with  these  considerations  in  mind. 

The  down-link  data  are  low  rate,  less  than  100  bits  per 
second,  so  only  one  bit  is  required  at  each  update  time  if  we 
assume  100  updates/sec. 

The  number  of  bits  needed  in  the  delay  is  determined  by  th. 
accuracy  of  the  frequency  synthesizer  and  the  largest  delay  possible. 
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TABLE  21.  INDIVIDUAL  PROGRAMMING  STEPS  REQUIRED 


Pre-Simulation 
READ  IN 


COMPUTE 


PRINT 


RECORD 


Satellite  trajectory  parameters 
receiver  trajectory  parameters 
multipath  data 
scintillations,  attenuation 
ionospheric  model 
tropospheric  model 
antenna  parameters 
mode  of  simulation,  status,  etc. 

Satellite  trajectories 
receiver  trajectory 
Satellite  to  receiver  paths 
ionospheric  delay 
tropospheric  delay 
downlink  data 
antenna  pattern  effects 
delay  and  Doppler 
jamming 

inertial  parameters 
auxiliary  parameters 

Status 

data  read  in 
trajectory  information 

delay  (and  possibly  Doppler) 
downlink  data 
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TABLE  ?l  (cont'd) 


RECORD  (cent ‘d) 


SIMULATION 

READ 

COMPUTE 

PRINT/DISPLAY 

RECORD 


POST  SIMULATION 
ANALYSIS 

READ 

ANALYZE 


Inertial  and  auxiliary  parameters 

multipath  conditions 

actual  receiver  position  (velocity 
altitude)  for  quick  real-time 
analysis 

run-time  status 

antenna  gains  per  sp.cellite 
receiver  antenna 

jamming  (type,  on/off) 


tape  generated 
Doppler  from  delay 
error  estimate 

estimated  position,  velocity, 

time-of-day  estimated  ionospheric 
and  tropospheric  correction, 
range  and  range  rate 


Pre-simulation  recordings 
simulation  result 

errors,  performance 


200 


-g^.-^y^^ii  t/fiM  't^'V'r'z; 


TABLE  22.  OUTLINE  OF  DATA  TO  BE  STORED 


1) 

Status  Record 

2) 

4 Satellite  trajectories,  ephemerides 

3) 

Receiver  Trajectory 

4) 

Inertial  Parameters 

5) 

Auxiliary  sensor  parameters 

6) 

Jamming  parameters  {type,  position,  power, •••) 

7) 

Ionosphere  Model  Parameters 

8) 

Tropospheric  Model  Parameters 

9) 

Ionospheric  Delays 

10) 

Tropospheric  Delays 

11) 

Satellite-Receiver  Path  Data 

12) 

Antenna  Parameters 

13) 

Antenna  Attenuation, 

phase,  relative  to  jamming 

14) 

Delay  and  Doppler 

15) 

Multipath  Parameters 

16) 

Path  attenuation  and 

scintillation 

17) 

Downlink  Data 

18) 

Computed  Data,  total 

(tape) 

19) 

Measured  Data,  total 

(tape) 

20) 

Results  of  analysis. 

l 
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TABLE  23.  INPUT  PARAMETER  FOR  SIMULATION 


Inertial  parameters 


Multipath,  delay (s)  and  reflection 
coefficient (s) 


Antenna  combining  factors,  scintillation 


Actual  receiver  position,  velocity, 
and  altitude 


Jamming;  power,  type. 


Miscellaneous  status  parameters  defining 
simulation  mode. 


f 
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Wien  the  delay  is  directly  encoded,  the  required  resolution  is 
-13 

1.25  x 10  seconds  in  order  to  get  20  mHz  Doppler  resolution 
at  1.6  GHz.  With  a maximum  differential  delay  of  20  msec,  it 
is  found  that  38  bits  are  required.  A more  efficient  method  is 
to  initially  record  the  desired  delay,  and  then  implement  only 
the  Doppler  during  the  simulation.  This  will  require  22  bits 
for  the  Doppler  with  a maximum  Doppler  shift  of  about  40  kHz,  a 
saving  of  16  bits.  With  a slight  increase  in  the  real-time  com- 
putations, we  can  encode  changes  in  the  Doppler  shift  instead. 
With  a maximum  acceleration  of  10  g,  we  find  that  only  10  bits 
are  needed  with  a resolution  of  the  acceleration  of 
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5v  .003048  m/sec  ~ ,2 

—r. ; = — ‘ .3  m/s 

.01  sec.  .01  sec 


The  same  resolution  is  required  for  the  acceleration  parameters 
of  the  inertial  system,  giving  10  bits  per  coordinate,  or  30  bits 
total.  Differential  encoding  of  the  accelerations  can  reduce  this 
to  12  bits  total  with  a maximum  jerk  of  100  m/s  . Additional  input 
from  the  gyro  may  be  needed.  It  should  be  sufficient  to  reserve 
16  bits  for  these  and  other  auxiliary  sensors  except  the  altimeter. 

Direct  encoding  of  the  altitude  could  require  as  much  as 


log. 


100,000  ft. 
1 ft. 


20  bits. 


Differential  encoding,  however,  should  only  require  4 to  5 bits 
in  order  to  specify  the  altitude  with  sufficient  accuracy. 

Multipath  parameters  include  delay  and  reflection  coefficient. 
The  reflection  coeficients  need  only  be  determined  initially.  Since 
only  delays  in  the  range  of  0 to  200  nsoc  are  required  for  the 
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simulation,  at  most  8 bits  are  needed  to  specify  the  delay.  Dif- 
ferential encoding  can  reduce  this  to  4 to  5 bits,  and  this  can 
be  reduced  even  further  by  updating  the  delay  at  a much  smaller 
rate,  as  the  exact  delay  need  not  be  very  precise.  At  most 
four  delays  will  be  used,  one  for  each  satellite,  and  most  of 
the  time  one  will  be  enough  to  test  the  multipath  protection  of 
the  receiver. 

The  receiver  antenna  signals  require  up  to  24  attenuators 
and  phase-shifters,  or  complex  multipliers.  A rudimentary  antenna 
test  may  be  performed  with  somewhat  fewer  elements,  but  we  consider 
the  worst  case  here.  The  48  numbers  will  be  very  slowly  varying. 

A 10-bit  quantization  and  direct  encoding  would  require  480  b-'Jrs, 
while  with  differential  encoding,  96  bits  should  be  sufficient. 

The  quantization  noise  can  be  eliminated  by  filtering. 

The  actual  receiver  position,  velocity  and  attitude  parameters 
can  be  encoded  directly  with  3 x 16  bits  for  position,  3 x 22  bits 
for  velocity,  and  48  bits  for  other  parameters  such  as  roll,  pitch 
and  yaw.  This  amounts  to  162  bits.  Differential  encoding  may 
reduce  this  to  about  3 x 10  bits  (pos.  or  velocity  only)  plus 
3x4  bits,  at  total  of  only  42  bits. 

The  jamming  parameters  should  not  require  updates  during 
regular  simulation,  so  it  is  not  necessary  to  assign  any  bits 
to  these  parameters. 

To  account  for  other  parameters  such  as  simulation  modes, 
data  formats,  etc.,  an  absolute  worst  case  should  be  48  bits. 

The  results  of  the  discussion  above  are  given  in  Table  24. 

Both  the  maximum  and  minimum  ratio  given  (96  kbps,  28  kbps)  can  be 
implemented  with  standard  recording  techniques.  The  smaller 
rates  allow  for  longer  simulations  and  fewer  tape  reading  errors. 
The  numbers  given  are  worst-case,  and  additional  savings  should 
be  possible  when  designing  the  final  system. 
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3.3.7  Hardware  Requirements 


The  exact  hardware  requirements  will  depend  on  the  choice 
of  the  configuration,  of  which  many  alternatives  have  been  dis- 
cussed in  the  previous  section.  Two  such  alternatives  are  shown 
in  Figs.  38  and  39. 

The  system  in  Fig.  38  is  based  on  independent  clock  or 
Doppier  control  of  both  the  Ll  and  L2  frequencies.  It  consists 
of  eight  signal  generators,  containing  frequency  synthesizers 
(Section  3. 3. 3.1),  exciters,  possibly  a delay  feed-back  loop  as 
described  in  Section  3. 3. 5. 2,  and  possibly  up-converters  to  bring 
the  simulated  satellite  signals  to  the  desired  L-band  frequency. 

If  the  signals  are  converted  to  RF  the  complete  multipath  test 
can  be  carried  out  with  only  four  delay  lines,  while  otherwise 
eight  delay  lines  would  be  needed.  However,  in  all  likelihood 
it  will  be  sufficient  with  only  one  or  two  multipath  delay 
lines  to  test  the  implications  of  severe  multipath  conditions  on 
the  GDM.  The  signals  are  combined  in  an  assembly  providing 
signals  from  all  satellites  to  up  to  three  antennas.  A GDM  con- 
troller/interface assembly  supplies  control  signals  to  the  GDM 
along  with  the  inertial  and  remaining  auxiliary  parameters.  It 
also  sends  the  GDM  estimates  back  to  the  C.SEL  computer  for  on- 
line analysis  and  recording.  Alternatively,  it  may  contain  a 
separate  tape  drive  for  direct  recording  of  the  GDM  data. 

The  configuration  in  Fig.  39  is  identical  except  for  the 
use  of  only  four  signal  generators  and  four  variable  delay  lines. 
The  signal  generator  must  supply  both  the  Ll  and  L2  signals  with 
the  proper  Doppler  shifts  and  a common  delay  as  required  for  the 
Ll  channel.  The  signal  generator  will  be  a slightly  more  complex 
than  the  one  used  in  Fig.  38  since  it  requires  one  extra  carrier 
frequency  synthesizer.  The  variable  delay  line  represents  the 
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Figure  38.  GPS/GDM  Simulation  Facility,  Alternative  1. 
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Figure  39.  GPS/GDM  Simulation  Facility,  Alternative  2 
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differential  ionospheric  delay,  and  may  be  implemented  by  any 
of  the  methods  discussed  in  Section  3. 3. 5. 3.  We  now  try  to  assess 
the  amount  of  hardware  needed. 

3. 3. 7.1  IF/RF  Hardware 

The  requirements  for  various  configurations  are  listed  in 
Table  25  (a-d) . Table  26  shows  the  total  number  of  parts  re- 

quired for  a full  RF  implementation,  as  well  as  the  currently 
available  parts. 

3. 3. 7. 2 Digital  Hardware  and  Interface  Requirements 

The  digital  interfaces  of  the  simulation  facility  fall  into 
two  categories.  One  consisting  of  interfaces  with  the  governing 
computer  (PDP-11/20/45) , and  one  consisting  of  interfaces  with 
the  GDM. 

The  GDM  interface  can  include  some  processing  capability  as 
indicated  by  the  term  "GDM‘ CONTROL"  in  Figs.  38,  39.  it  may 

interface  the  GDM  either  through  the  GEM  control/display  assembly 
or  directly  to  the  data  processor  via  an  extension  of  the  vehicle 
instrumentation  system.  In  either  case,  special  test  programs  are 
required  for  the  GDM  to  override  the  actual  auxiliary  sensors 
and  initial  measuring  unit  output  and  to  accept  the  inputs  supplied 
by  the  GDM  control  assembly.  Provisions  should  also  be  made  for 
the  transmission  of  pseudo  range,  range  rate,  estimated  position 
and  velocity,  estimated  ionospheric  delay  and  satellite  clock, 
etc.  The  GDM  controller  can  be  controlled  by  a microprocessor, 
supervising  the  flow  of  data  to  and  from  GDM  and  PDP-11/20,  and 
to  a tape  drive  recording  the  results  of  the  simulation.  Alter- 
natively a simpler  interface  can  be  used  with  all  control  retained 
by  the  PDP-11/20  or  the  PDP-11/45. 
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TABLE  25 (b) . HARDWARE  REQUIREMENTS 


UNIT 

Satellite  Sigr 
Generator, 
Alternative  2 


Variable  Delay 


PARTS 

NUMBER  OF  PARTS 

Frequency  synthesizer 
supplying  10  MHz 
square  wave  and  2 IF 
carriers, with  proper 
Doppler  shifts 

4 

Code  generators 

a:  without  delay 
feedback 

8 

b:  with  delay  feed- 
back 

12 

Exciters 

12 

(not  including  jam- 
ming) 

IF/RF  converters 

a:  RF  propagation 
Simulation 

b:  IF  propagation 
Simulation 

Tapped  Delay  Lines 
with  Digital  control 
(Section  5.3) 


UNIT 


PARTS 


NUMBER  OF  PARTS 


Multipath 

L-Band  combiners 

a)  RF  implementation 

4 

b)  IF  implementation 

0 

Delay  Lines 

a)  Full  RF  implementation 

4 

b)  Full  IF  implementation 

8 

c)  Minimal  RF  implementation 

1 

d)  Minimal  IF  implementation 

2 

TABLE  25 (d) . HARDWARE  REQUIREMENTS 


UNIT 

PARTS 

NUMBER  OF  PARTS 

Jamming  and 
Antenna  Assembly 

RF  Implementation 

3-way  splitters 

6 

Attenuator  & Phase- 
shifter  or 
I & Q Multiplier 

£ 24 

Jammers,  incl.Code 
Gen.  and  exciters 

2 

4-way  L-band 
Combiners 

5-9 

Jamming  and 
Antenna  Assembly 

IF  Implementation 

L-Band  Combiner 

2 

IF/RF  Converters 

6 

IF  5-way  Combiners 

6 

IF  3-wav  Splitters 

10 

Attenuator  & Phase- 
shifter  or 
I & Q Multip.lier 

£ 24 

Jammers 

2 

TABLE  26.  TOTAL  REQUIREMENTS  FOR  ALL  RF  IMPLEMENTATION  WITHOUT 
DELAY  FFxiDBACK . ALTERNATIVE  2 IN  PARENTHESIS 


PARTS 

NUMBER  OF  PARTS 

CSEL  AVAILABILITY 

Frequency  Synthe- 
sizer 

8(4) 

1 

Code  Generator, 
excl.  jamming 

8 

0 

RF  Exciters,  excl. 
Jamming 

12 

4 

IF/RF  Converters 

8 

3 

Variable  Delay  Line 

0(4) 

0 

Multipath  Units 

4 

0 

L-band  Combiners 

13 

1 

L-band  Splitters 

10 

7 

Variable  Atten.  & 
Phaseshift 

24 

0 

Jammers 


2 


5)  antenna  assembly. 
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The  interface  may  contain  all  of  the  delay  feedback  (if  ap- 
plicable) logic  (Fig.  28) , or  the  measured  delay  may  be  fed  back 
into  the  computer  for  a recomputation  of  the  desired  Doppler 
shift. 

3.3.8  Summary  and  Conclusions 

We  have  outlined  the  requirements  for  a reliable  simulation 
of  GPS/GDM  receivers  and  suggested  both  the  general  structure 
of  the  simulator  as  well  as  some  particular  implementations  of 
the  more  critical  elements.  The  division  of  hardware  and  soft- 
ware functions  has  been  made,  together  with  a list  of  the  neces- 
sary parts  and  the  complexity  of  alternative  implementations. 

Use  of  CSEL  existing  equipment  has  been  taken  into  considera- 
tion, in  particular  the  following  CSEL  parts  can  be  used: 

• jamming  generator 

• signal  combiners  with  amplitude  control 

• exciters  (SIG) , including  fading 

• clock,  5 MHz  Rb 

• switching  assembly 

• digital  control  complex 

• computer  and  interface  facilities. 
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A number  of  new  parts  are  required,  including: 

• high  precision  frequency  synthesizers 

• variable-delay  lines  (trade-off  against  synthesizers) 

• multipath 

• antenna  assembly,  as  required 

• extensive  off/on~]ine  software  support 

• GDM  software  modifications,  as  required. 

The  main  alternatives  in  the  implementation  are: 

1)  Implementation  of  variable  delays.  This  can  be  achieved 
with  independent  Doppler  control  of  the  synthesizers,  either  open 
loop  or  closed  loop  using  the  baseband  delay  measurement 

technique  of  Fig.  28  . All  eight  frequencies  can  be  controlled 
by  using  eight  such  frequency  synthesizers,  or  by  using  only  four 
(one  for  each  satellite)  combined  with  a short  variable  delay 
line  for  simulating  the  differential  ionospheric  delay  of  the 
L1-L2  signals.  Several  ways  of  implementing  the  delay  are 
presented  in  Sections  3. 3. 5. 2 through  3. 3. 5. 3. 

It  appears  that  the  most  economical  implementation  is  with 
four  satellite  simulators  and  four  variable  delay  lines  using 
the  baseband/digital  technique  described  in  connection  with 
Fig. 33  . The  question  of  whether  the  delay  feedback  is  neces- 
sary to  stabilize  the  delay  accuracy  cannot  be  determined  with- 
out testing  directly  the  high  precision  frequency  synthesizer. 

It  is  recommended  that  a delay  measurement  technique  similar  to 
the  one  in  •».  29  be  used  unless  a complete  receiver  with  single 
ranging  capa^juiity  is  immediately  available. 

2)  Implementation  of  the  channel  portion  at  IF  or  RF.  From 
the  point  of  view  of  antenna  signal  distribution,  there  is  no 
major  differences  in  the  complexity  of  the  implementation  in 
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p.  to  realistic  modifications,  and  exploits  the  capabilities  of 

'C 

| the  CSEL  facility  to  a much  higher  degree.  This  approach  is 

t 

f therefore  preferable. 


3)  Implementation  of  the  antenna  distributors.  As  a first 


t 


approach  a single-antenna  GDM  can  be  used.  This  may  be  suf- 
ficient to  test  the  most  important  features  of  the  majority  of 
the  GDM  receivers  with  a baseline  antenna  assembly.  Testing  of 
proper  antenna  utilization  and  problems  which  occur  when  switch- 
ing between  antennas  may  require  that  independent  signals  be 
applied  to  each  antenna.  A possible  configuration  is  shown  in 
Fig.  36.  It  is  suggested  that  this  problem  be  decided  upon  at  a 
later  stage  of  the  simulator  analysis.  Simulation  of  GDM's  with 
high  performance  antenna  assemblies  will  require  considerably 
more  study  and  will  depend  strongly  on  the  type  of  antenna 
used. 


The  feasibility  of  testing  the  high  performance  antennas 
and  the  use  of  the  roof  top  facility  are  questions  open  for  future 
study. 
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SECTION  4 

SATELLITE  SIGNAL  PROPAGATION 

4.1  Introduction 

Sections  2 and  3 were  concerned  with  system  aspects  of  the 
LES  8/9  and  NAVSTAR  GPS  simulation.  In  this  section  we  address 
certain  satellite  signal  propagation  properties.  It  is  intended 
as  a guide  in  the  setting  of  desired  and  jamming  signal  parameters . 

The  section  is  divided  into  two  main  parts.  Section  4.2  is  prima- 
rily the  result  of  a literature  -survey  on  satellite  signal  scin- 
tillation and  the  effect  of  the  earth's  atmosphere  on  satellite  sig- 
nal propagation.  Section  4.3  addresses  the  problem  of  generating, 
on  a digital  computer,  probability  density  functions  for  use  in 
realistic  simulation  of  scintillation. 

4 . 2 Properties  of  Satellite  Signals 

In  the  absence  of  multipath,  one  would  expect  that  the  path 
between  a ground  station  and  a satellite  would  present  a nearly 
ideal  non-fading  channel.  However,  measurements  made  on  satellite 
signals  have  shown  that  scintillation  fading  does  occur.  The  fading 
is  dependent  on  time  of  day,  season  of  the  year,  latitude,  and  radio 
frequency.  It  is  primarily  due  to  small  scale  irregularities  in  the 
electron  density  in  the  F layer  of  the  ionosphere,  at  altitudes  rang- 
ing from  225  to  400  km.  Thus,  the  same  scintillation  behavior  would 
be  found  at  aircraft  altitudes,  e.g.,  9 to  12  km,  as  at  earth  stations. 

In  this  section  we  present  a survey  of  current  results  in  satel- 
lite propagation,  as  an  aid  in  determining  the  proper  means  of  simu- 
lating satellite  signal  scintillation.  The  section  is  divided  in- 
to subsections.  In  Section  4.2.1  the  time  and  space  dependence  of 
scintillations  are  reviewed.  In  Section  4.2.2,  measures  of  scintil- 
lation data  are  presented.  Measured  and  modeled  scintillation  data 
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are  compared  in  Section  4.2.3.  In  Section  4.2.4,  the  frequency 
dependence  of  scintillation  is  discussed.  Atmospheric  effects 
are  discussed  in  Section  4.2.5. 

4.2.1  Time  and  Space  Dependence  of  Satellite  Scintillation 

Ionospheric  scintillation  can  cause  both  signal  enhancement 
and  fading.  In  this  subsection  we  discuss  the  temporal  and 
geographic  extent  of  this  scintillation.  The  material  in  this 
section,  including  the  figures,  comes  primarily  from  the  review 
paper  by  Aarons,  Whitney,  and  Allen,  "Global  Morphology  of  ionos- 
pheric Scintillations",  Proc.  IEEE,  Vol.  59,  No.  2,  Feb.,  1971, 
pp.  159-172.  [16] 

Two  areas  of  the  earth  are  particularly  troubled  by  fading, 
namely  the  high  latitudes  and  the  equatorial  region.  This  is 
shown  graphically  in  Fig.  40*  The  density  of  darkening  on  Fig.  40 


Figure  40.  The  irregularity  structure  at  night.  The  density  of  the 
hatched  are  represents  the  occurence  of  deep  fading. 

is  proportional  to  the  occurrence  of  deep  fades.  From  this  figure 
it  is  seen  that  the  geographical  extent  of  fading  is  great,  with 
the  high  latitude  region  extending  from  approximately  57°  to  the 
pole,  and  the  equatorial  region  being  approximately  15°  on  either 
side  of  the  equator. 
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In  the  polar  cap  region,  scintillation  is  both  permanent  and 
at  a high  rate.  At  lower  latitudes,  but  still  within  the  high 
latitude  range,  diurnial  effects  begin  to  be  seen?  high  scintil- 
lations occur  around  midnight,  and  low  scintillations  during  the 
day  time  hour.  Figure  41  shows  data  on  the  fade  duration  and 
fade  rate  measured  at  Thule,  Greenland,  at  a frequency  of  136  MHz; 
the  peak-to-peak  fading  is  seen  to  range  from  15  dB  at  night  to 
4 dB  in  the  day,  with  corresponding  fade  periods  of  from  2 to  60 
seconds.  Observations  made  near  the  boundary  of  the  high  latitude 
region  have  shown  10%,  50%,  and  90%  fade  rates  of  2,  6,  and  10  fades 
per  minute,  with  occasional  fades,  lasting  several  minutes. 


Figure  41.  Fading  period  and  amplitude  for  Thule  during 
quiet  period  of  October  21,  22,  23,  1968, 
with  A’s  of  2,  1,  and  3. 

Xr 


As  contrasted  to  the  more  continual  scintillation  of  the 
animal  region,  equatorial  scintillations  start  abruptly,  reach 
a maximum  in  several  minutes,  and  last  for  several  hours.  The 


fade  rate  in  equatorial  regions  is  a factor  of  2 to  10  slower 
than  that  in  auroral  regions.  The  fade  intensity  shows  both  a 
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pronounced  diurnal  and  a seasonal  variation.  Figures  42  and  43 
present  data  taken  at  Ghana.  Figure  42  shows  a maximum  in  both 
scintillation  rate  and  intensity  occurring  around  midnight,  and 
a minimum  occurring  during  the  day;  the  scintillation  index,  S, 
will  be  discussed  in  Section  4.2.2.  Note  that  in  contrast  to 
Fig.  4i  which  has  a scale  of  fades  duration  in  seconds.  Fig.  42 
plots  the  inverse  scintillation  rate  in  scintillations  per  minute. 
Figure  43  shows  a maximum  scintillation  to  occur  in  September  and 
March,  and  a minimum  to  occur  in  June  and  December.  The  data  of 
both  Figs.  42  and  43  were  taken  ac  VHF  using  the  Intelsat  II 
satellite. 

Since  the  scintillation  is  due  to  irregularities  in  the  F- 
layer  electron  density,  the  scintillation  rate  is  due  to  move- 
ment of  the  irregularities.  The  F- layer  drifts  eastward 


LOCAL  TIME-*- 


Figure  42.  The  diurnal  variation  of  mean  rate  and  mean 
scintillation  index  in  Ghana. 
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Figure  43.  The  seasonal  dependence  of  scintillation 
for  Accra , Ghana . 


l '■  nights  at  70  to  140  meters/sec.,  and  westward  during  the  day 
at  140  to  280  meters/sec.  The  east-west  size  of  the  ground  pat- 
tern of  the  irregularities  ranges  from  100  to  400  meters,  and 
the  axial  ratios,  or  ratio  of  north-south  to  east-west  extent  are 
greater  than  60:1.  This  has  significant  implications  for  aircraft- 
to-satellite  transmission,  as  the  scintillation  rate  for  an  air- 
plane traveling  east-west  will  be  determined  by  the  rate  at  which 
the  projections  of  irregularities  are  traversed,  while  an  airplane 
traveling  north-south  will  have  essentially  the  same  scintillation 
rate  as  ground-based  system.  In  addition  these  effects  would 
cause  the  fade  rate  of  a jamming  signal  to  generally  differ  from 
that  of  a communication  signal  being  jammed. 
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4.2.2  Measures  of  Scintillation 


In  the  previous  section  we  have  discussed  scintillation, 
without  qualitatively  describing  it.  The  purpose  of  this  sub- 
section is  to  provide  analytic  measure  of  scintillation.  Experi- 
mental data  will  be  shown  in  Section  4.2.3. 


The  conventional  measure  of  scintillation  is  based  on  the 
distribution  of  either  the  amplitude  or  the  power  of  the  re- 
ceived signal.  In  Briggs  and  Parkin,  [17j,  four  measures  of 
scintillation  are  given,  namely  S^,  S2»  S3>  and  S^.  If  the 

instantaneous  amplitude  of  the  received  signal  is  R(t) , the 

2 

instantaneous  power  is  defined  as  R (t) . Then: 


(321) 

(322) 

(323) 


(324) 


For  a number  of  years.  Air  Force  Cambridge  Research  Labora- 
tories has  used,  as  their  measure,  the  scintillation  index,  or 
SI.  SI  is  defined  (e.g.,  Whitney,  H.E.,  Aarons,  J. , Allen,  R.S., 
Seeman,  D.R.,  [ 18 3 ; Whitney,  H.E.,  [19])  as: 

P - P . 
max  min 

Si.  = p ~Z  1325; 


max  mm 
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where  Pmax  is  the  third  peak  down  from  the  maximum,  and  Pm^n 
is  the  third  minimum  up  from  the  lowest  excursion  in  the  given 
sample  period.  Both  Pm-,v  and  P„-^  are  measured  in  dB,  and  AFCRL 
generally  utilizes  15  minute  sample  periods.  In  analyzing  ex- 
perimental data,  AFCRL  has  found  it  useful  to  divide  data  into 
six  groups,  depending  on  the  scintillation  index.  These  are 
shown  in  Table  27,  from  Whitney  et.al.  [19]  along  with  the 
corresponding  value  of  P ^ - pm£n‘  higher  the  group  number, 

the  deeper  the  scintillation. 


TABLE  27.  RELATION  OF  GROUP  TO  SCINTILLATION  INDEX  AND  FADING 


Groups 

Scintillation  index 
(%) 

P - P . 

max  mm 

(dB) 

0 

<20 

<1.7 

1 

20  to  39 

1.7  to  3.6 

2 

40  to  59 

3.7  to  5.9 

3 

60  to  79 

6.0  to  9.4 

4 

80  to  89 

9.5  to  12.7 

5 

>90 

>12.8 

Table  28,  also  taken  from  Whitney  et.al.,  [19],  shows 
the  percent  occurrence  of  15  minute  scintillation  indices, 
measured  at  Hamilton,  Mass.,  Narssarssuaq,  Greenland,  and 
Huancayo,  Peru  at  a frequency  of  136  MHz.  The  data  are  grouped 
according  to  local  time  (2200-0200,  1000-1400,  and  0000-2400) , 
and  magnetic  index  (0-3,  4-9,  and  0-9),  and  show  the  diurnal 
and  latitudinal  variation  of  scintillation.  In  addition,  the 
magnetic  index  is  seen  to  affect  the  auroral . (Greenland)  scin- 
tillation index  to  a much  greater  extent  than  the  mid-latitude 
(Massachusetts)  or  equatorial  (Peru)  scintillation  index. 
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The  Nakagami  m-distribution  has  been  proposed  to  describe 
scintillation,  in  an  attempt  to  both  unify  the  descriptions 
of  scintillation  and  provide  a single  analytic  description  of 
the  distribution  of  scintillation  (Whitney,  e.al.,  [19],  Nakagami, 
M. , [20]).  The  m-distribution  is  a single  parameter  distribution, 
which,  by  choice  of  m,  will  match  many  experimental  and  analytic 
distributions.  The  m distribution  has  the  probability  density 
function 


p(R)  a M(R,m,R2 


_ m 2m-l 
2m  R 

r(m)  (rV 


(326) 


(327) 


If  m is  equal  to  0.5,  the  m distribution  becomes  equzil  to  the 
one-sided  Gaussian  distribution,  while  if  m is  equal  to  1,  it 
becomes  equal  to  the  Rayleigh  distribution.  Higher  values  of  m 
cause  the  distribution  to  be  more  concentrated,  as  shown  in 
Fig.  44  (Nakagami,  [20])  . It  is  evident  from  the  definition 


of  m that 


(328) 


/n>  4 

l. — m>  I 
l — /n*3/« 

Vl^m*Wi6 


Figure  44.  Probabili  ty  density  function  of  the  m-distribution, 


-i  ui»>  f»  ■ rr*  m-L<-  -l  wsm wr 


j 

' Two  transformations  which  are  useful  in  working  with  the  m- 

\ 

distribution  are  those  for  the  squared  envelope  and  for  the 

2 

received  power  m dB.  In  the  squared- law  case,  xf  y = R , then 


mm. 

P(y)  = n^r(#)  yexp(-m^ ).  (329) 

R R 

This  can  be  identified  as  a chi-squared  distribution  with  2m 

—2 

degrees  of  freedom,  and  a variance  of  R in  the  underlying 
Gaussian  process.  However,  while  m must  be  an  integer  for  the 
chi-squared  distribution,  m need  only  be  any  real  number  greater 
than  0.5  for  the  m-distribution. 

x = 20  log^R,  then 

5rw  exp  {m(¥)  * e2x/“)}-  <330> 

20  log1Qe.  (331) 


In  the  second  case,  if 


P(x)  = 


where 


M 


Computer  processing  has  been  performed  at  AFCRL  to  relate 
the  scintillation  index  to  the  parameter  m.  [19]  A graph  of 
this  relation  is  shown  in  Fig.  45. 

While  the  m-distribution  is  useful  because  it  only  has  one 
parameter,  other  researchers  , e.g.,  Rino  and  Fremouw  [21] 
claim  that  its  fit  to  experimental  data  is  not  always  accurate, 
and  prefer  to  use  a complex  Gaussian  representation  in  which  the 
powers  of  the  in-phase  and  quadrature  components  are  not  equal. 

In  particular,  if  the  received  field  is  represented  as  the  sum  of  a 
constant  value  plus  a random  component 

E(r)  = E(r)  + Eq (r)  (332) 

where  the  overbar  indicates  the  ensemble  average,  r is  the  direc- 
tion vector,  and 
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Figure  45.  Scintillation  index  vs  m. 


\jj  = x + jy,  (333) 

where  x and  y are  zero-mean,  correlated  Gaussian  random 
variables.  The  phase  reference  of  E(r)  is  defined  in  terms  of  a 
vector  rT  such  that 


E(r)  = EQ(r)  (t^  + i r.y) . 


(334) 


The  variances  of 
sity  I,  are  defined  as 


x and  y,  normalized  to  the  total  inten- 
oT2.  Summarizing, 


where 


2 


T 


Also,  by  definition, 

C = 
xv 


- 2/2  2\ 

i = e (o_  + n ) 

o \ T xJ 


2 , 2 
a + o . 
x y 


r * 


Using  the  auxiliary  definitions 

B = 


2 2 

q -0  + 2 j C 

x uy  J xy 

2C 


26  = 


A - tan'1  , 


0 - C 

x y 


(335) 

(336) 

(337) 

(338) 
(339) 
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then  it  can  be  shown  that 


< ■ {}  - 4b 


B|  cos  26 


Cr 


(340) 


4.2.3  Comparison  of  Measured  and  Modeled  Scintillation  Data 

The  purpose  of  a model  is  to  give  a representation  of 
physical  data  — scintillation  in  this  case  — which  can  be  con- 
veniently used  to  approximate  a physical  process.  In  this  sub- 
section we  will  present  comparisons  between  measured  and  modeled 
scintillation  distributions. 


Figure  46,  from  Aarons  et.  al.  [22],  shows  a comparison 
of  the  experimental  distributions  of  VHF  (136  MH2)  scintillations 
from  ATS 3 recorded  at  Hamilton,  Massachusetts,  with  cumulative 


Figure  46.  Comparison  of  Theoretical  m- Distributions  (Solid  Line 
for  m=l  and  1.3,  Dashed  for  m=4)  with  Experimental  Dis- 
tributions From  S.I.  Groups  4 and  5 (136  MHz). 
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distributions  using  the  m-distribution  with  m = 1,  1.3,  and  4. 

The  m-distribution  is  seen,  for  these  data,  to  provide  a good 
fit  over  the  approximated  20  dE  scintillation  range. 

Figure  47,  taken  from  Rino  et.al.  [23],  shows  experiment- 
ally determined  probability  density  functions  for  simultaneous 
VHF  (137.5  MHz)  and  UHF  (412  MHz)  transmissions  from  ATS 5,  also 
recorded  at  Hamilton,  Massachusetts.  Two  theoretical  distribu- 
tions are  shown  as  dotted  and  solid  curves,  one  the  two-dimensional 
Gaussian,  and  the  other  the  log  normal.  Based  on  a chi-square 
goodness  of  fit  test,  the  fit  cf  the  Gaussian  is  better  than  that 
of  the  log  normal.  The  parameters  of  the  Gaussian  distribution 
are  given  in  Table  29.  Also  shown  in  Fig.  47  are  circles  which 

correspond  to  m-distributions  with  the  same  values  of  intensity 
2 

on  m = 1/S„.  It  is  seen  that  the  fit  of  the  m-distribution  to 
4 

the  measured  data  are  good. 

Figure  48  shows  UHF  (250  MHz)  scintillation  data  for  trans- 
mission from  TACSAT  I by  the  Naval  Electronics  Laboratory  Center 
(Paulson  and  Hopkins,  [24].  Local  time  is  10  hours  later  than 
that  shown  on  the  figure,  i.e.,  the  figure  is  for  2420  to  0100 
hours  local  time.  Paulson  and  Hopkins  note  that  the  data  "look 
Gaussian".  However,  the  data  of  Fig.  48  have  an  excellent  fit 
to  the  m-distribution  with  m = 1.  This  is  shown  in  Fig.  49, 
in  which  the  data  of  Fig.  48  are  replotted  along  with  a family 
of  cumulative  m-distributions.  It  is  seen  that,  until  the  mea- 
sured data  go  into  the  noise  level,  the  m = 1 curve  is  followed 
quite  clo;  *1y. 

To  summarize,  while  there  is  still  debate  as  to  the  exact 
law  followed  by  the  first-order  distribution,  it  appears  from  the 
cases  examined  that  the  m-distribution  can  be  used  as  an  approxi- 
mation to  the  envelope  for  engineering  purposes.  If,  however, 
phase  is  important,  the  Rino  and  Fremouw  complex  Gaussian  model 
should  be  considered. 
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Figure  48.  Example  showing  three  cumulative  amplitude  distr ibutions 
for  records  muae  on  the  night  of  23  September  1972  GMT. 
(250  MHz) 


TABLE  29.  PARAMETERS  Of  GAUSSIAN  DISTRIBUTIONS  OF  FIGURE  47 


AMPLITUDE,  dBm 


4.2.4  Effects  of  Frequency  on  Scintillation  Distributions 

As  shown  in  Whitney  et.al.  Cl8]  observations  which  have 
been  made  on  radio  stars  indicate  a frequency  dependence  of 
scintillation  which,  when  expressed  in  terms  of  the  m parameter, 
takes  the  form 


logtir^/n^) 
logffj/f^  Ym' 


(341) 


where  m^  and  m2  are  two  values  of  m measured  in  simultaneous 
observations  at  frequencies  f^  and  f^.  The  parameter  y , while 
ideally  a constant,  is  actualiv  a random  variable.  Figure  50 
shows  a histogram  of  y made  fiv,...  11  y records  at  137  MHz  and 

412  MHz  (Whitney,  [19]  using  ATS-3  and  ATS-5  data.  This  data 
give  an  average  / of  2.62,  and  a median  of  2.65.  As  a comparison, 
the  data  of  Fig.  42,  using  ATS-5  measurements,  have  y = 3.49. 

The  extrapolation  of  VHF/UHF  data  into  SHF  and  higher  fre- 
quencies indicates  that  the  scintillation  will  decrease  rapidly. 

For  example,  at  2.3  GHz  relative  to  250  MHz, 


m ( f =2 . 3 GHz) 


2 62 

/2.3  GHzN  m(f=250  MHz) 
\250  MHz7 


= 335  m (f=250  MHz) . 


(342) 


Since  the  minimum  value  of  m is  0.5, 
m(f  = 2.3  GHz)  > 117.5. 


(343) 


As  can  be  seen  from  Fig.  49  and  m of  117.5  will  have  very 
little  scintillation.  Figure  51,  from  Paulson  and  Hopkins  [24] 
shows  simultaneous  2.3  GHz  and  250  MHz  TACSAT  I amplitude  distri- 
bution data,  it  is  seen  that,  indeed,  little  scintillation  was 
measured  at  2.3  GHz;  Paulson  and  Hopkins  estimate  the  peak-to- 
peak  2.3  GHz  scintillation  measured  during  their  tests  to  be  in 
the  range  of  2 to  5 dB. 
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4 and  6 GHz  scintillation  data  "have  also  been  measured  in 
the  equatorial  region  over  a 15  month  period  by  COMSAT  [25]. 

It  was  found  that  peak-to-peak  scintillations  were  in  the  order  of 
4 to  6 dB;  therefore  fades  below  the  median  level  can  be  estimated 
to  be  about  half  of  this#  or  2 to  3 dB. 

4.2.5  Atmospheric  Effects  on  Signal  Propagation 

The  principal  effect  of  the  atmosphere  on  satellite  propaga- 
tion is  to  cause  attenuation  at  millimeter  wavelengths  due  to 
oxygen  and  water  vapor  absorption.  Figures  52#  53,  54,  from 
a review  article  by  Altshuler  et.al.#  [26]  present  some  theoret- 
ical and  experimental  data  at  15  and  35  GHz.  Figure  52  shows 
calculated  attenuations  to  a satellite  as  a function  of  zenith 
angle#  rainfall  rate,  cloud  water  vapor  content,  and  humidity. 

It  is  seen  that  attenuations  in  excess  of  10  dB  are  predicted  in 
rainy  weather,  and  up  to  nearly  10  dB  even  in  clear  weather. 

Figure  53  presents  measurements  made  at  15  and  35  GHz,  which 
confirm  the  predictions  of  Fig.  47  Figure  54  shows  the 
tribution  of  a-ctenuation,  as  a function  of  zenith  angle. 

The  data  for  Figs.  53  and  54  were  measured  over  the  six 
month  period  January  to  July  1966,  at  the  AFCRF  Prospect  Hill 
radio  observatory  in  Waltham,  Massachusetts,  and,  as  Altshuler 
et.al.  point  out,  ara  applicable  c ’y  to  locations  having  a 
climate  comparable  to  that  of  the  ston  area.  Brookner 
[27]  has  generated  a set  of  "universal*  curves,  in  which  atten- 
uation is  given  as  a function  of  angle  for  9 combinations  of  rain 
rate  and  cloud  water  content,  at  frequencies  of  16,  35,  and  94  GHz. 
The  combinations  of  parameters  used  are  shown  in  Table  30,  and  his 
16  and  35  GHz  data,  in  Fig.  55-.  Also  shown  on  Fig.  55  are 
curves  of  rainfall  rates  for  various  cities  in  the  United  States. 
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Percentage  ol  time  a(d)is  equaled  or  exceeded 
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Fiqure  52.  Total  atmospheric  attenuation  at 
""  ~ ’ .1.5  GHz  and  35  GHz  (calculated). 
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Figure  53.  Total  atmospheric  attenuation  at  (A)  15  GHz  and  (B)  35  GH 
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Figure  54.  Total  atmospheric  attenuation  distribution  at  (A)  15  GHz 
and  (b)  35  GHz.  237 


4.3  Simulation  of  Scintillation  Statistics 


4.3.1  Introduction 


In  the  previous  section  we  have  reviewed  the  modeling  of 
radiowave  scintillation.  Two  distinct  groups  of  thought  exist. 

One  favors  the  Nakagami  m-distribution  described  completely  by 
its  m parameter  and  mean  parameter  Cl;  the  other  favors  a complex 
Gaussian  distribution  with  quadrature  components  of  unequal  vari- 
ance and  mean*.  It  appears  that  the  Gaussian  distribution  may 
be  a better  approximation.  However  , it  is  trivially  easy 
to  find  an  approximating  m-distribution  and  very  difficult 
to  find  the  parameters  for  an  approximating  complex  Gaussian  dis- 
tribution. On  the  other  hand, for  synthetic  channel  simulation  it 
is  far  easier  to  generate  the  Gaussian  scintillation  statistics. 

In  the  following  sections  we  present  the  methods  of  generating  the 
m and  Gaussian  distributions,  and  the  methods  of  fitting  experimental 
data  to  the  distributions. 

4.3.2  Generation  of  Scintillation  Statistics 

The  starting  point  of  the  scintillation  statistics  generation 
is  a uniform  random  variable  of  value  0 £ u £ 1.  It  is  assumed 
that  the  communication  laboratory  computers  are  capable  of  generat- 
ing a sufficient  number  of  independent  uniform  random  variables 
for  any  communication  experiment. 

4. 3. 2.1  Nakagami  m-Distribution 

We  let  r and  u respectively  be  Nakagami  m-  and  uniform  random 
variables  with  probability  density  functions (pdf ) 

* The  phase  is  usually  chosen  so  that  one  component  has  zero  mean. 
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fs<r>  = 


r s o 


(344) 


_ m 2m-l  -mr  /Q 
2m  R e 


T (m)  Q 


m 


f (u)  =1  0 £ u £ 1 (345) 

P (m)  is  the  gamma  function  of  m.  m need  not  be  an  integer.  A 
direct  generation  of  the  Nakagami  variate  from  the  uniform  variate 
is  obtainable  by  eqtiating  equal  probabilities  or  equivalently  by 
setting  the  cumulative  density  functions  equal  to  each  other. 


to 


The  cumulative  density  function  (cdf)  of  r and  u are  equal 

.2 

(346) 


„ m r 


Vr)  ■ 


/.m 


r (m)  n 


,m 


mR 

,_2m-l  Q 
R e dR 


R=0 


■ L 


du  = u . 


(34-') 


Therefore,  the  Nakagami  variate  is  generated  by  solving 
u = PR(r) 

for  r. 


Making  the  change  of  variables 


Eq.  (346)  becomes 


mr 

Q 


PR!r>  ’ 


T (m)  «l 


f 


m-1  -t 


dt 


(348) 


(349) 


(350) 


which  is  the  defining  integral  for  the  incomplete  gamma  function, 


2 2 
P(m,mR'/fi),  and  the  probability  integral  of  the  X -distribution, 

2 

P (2mR  /fi| 2m) . 
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The  solution  of 


u = 


(351) 


for  R is  still  a hard  problem  due  to  the  complex  nature  of  the 

2 

incomplete  gamma  or  X -distribution.  Nonetheless  with  the  function 
tabulated  on  a digital  computer  given  m,  Q and  the  present  generated 
value  of  u,  r can  be  found. 


Complete  tabulation  is  unnecessary  when  m is  limited  to  in- 
teger and  1/2  values.  Then  the  recursion  relationship 

a -x 

P (a  + 1 / x)  = P(a,x)  - rX(agf-1)  (352a) 

can  be  used  with 

P ( 1 / x)  = 1 - e“X  (352b) 

or 

P(l/2,x)  = erf  x 

Erf  x is  defined  as  the  error  function  of  x 


erf  x = “;=  ^ e dt  (353) 

VTT  v 

o 

-5 

and  may  be  approximated  to  almost  10  accuracy  by 

2 3 — v 3 

erf  x = l-(a^t  + a2t  + a^t  )e  (354a) 

t = 1/(1  + px)  (354b) 

p = 0.47047  (354c) 

a = 0.3480242  (354d) 

a2=  -0.0958798  (345e) 

a3=  0.7478556  (354f) 
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When  m is  equal  to  1 the  direct  transformation  is  given  by 


r = ( l-*u)  (355) 

Finally,  we  can  generate  R for  arbitrary  m,  without  an  in- 
complete gamma  function  tabulation  by  choosing  the  closest  integer 
m',  less  than  m and  interpolating  according  to  the  relationship 


+ 


1 


m' 


+ 


i\*l  nj£ 
2/J  L 2 


u 


(356a) 


where 


W = m-m ' > 0 


(356b) 


4.3. 2. 2 Complex  Gaussian  Distribution 

The  Gaussian  distribution  may  be  generated  easily  by  two 
different  methods.  One  method  utilizes  the  central  limit  theorem 
by  summing  a number  of  uniform  random  numbers  together.  This  method 
uses  many  uniform  random  numbers  and  thus  may  limit  the  number  of 
independent  Monte-Carlo  samples  in  any  communications  experiment. 
This  is  particularly  true  on  mini-computer  simulators.  In  addi- 
tion, the  distribution  is  only  valid  for  variates  up  to  plus  and 
minus  half  the  number  of  summed  uniform  random  numbers.  The 
second  method  is  again  a direct  transformation  method.  It  is  ac- 
curate for  all  ranges  of  variate  and  may  only  be  slightly  longer 
in  generation  time  than  the  former  method.  It  utilizes  very  few 
uniform  random  numbers. 

4. 3.2. 2.1  Central  Limit  Approach 

The  central  limit  theorem  is  quite  good  when  as  few  as  12  in- 
dependent uniform  random  numbers  are  added  together.  Therefore, 
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by  adding  n independent  uniform  random  numbers  together,  with 

n £ 12,  the  sum  is  approximately  Gaussian  with  mean  equal  to  n/2 

and  variance  equal  to  n/12.  If  we  have  a Gaussian  random  variable, 

2 

x,  with  mean  p and  variance  o then  we  must  form 

“ X 


JU  - (t  - o _ 

(n/12a  )1/2 

X 


(357) 


Repeating  (14)  with  parameters  p^  and  a 
variate,  y,  which  is  independent  of  x. 


gives  a second  Gaussian 


A total  of  2n,  or  at  least  24,  uniform  random  variables  are 
required  to  generate  the  two  complex  Gaussian  components  x and  y. 


4. 3. 2. 2. 2 Direct  Method 

A Rayleigh  random  variable  multiplied  by  the  sine  and  cosine 
of  a uniform  random  variable  is  well  known  to  give  two  independent 
Gaussian  random  variables.  It  is  very  simple  to  determine  the 
Rayleigh  variable  by  direct  transformation.  The  Rayleigh  pdf  is 
given  by 


a 


and  the  cdf  is  given  by 


(358a) 


so  that 


2/0  2 
- r /2a 


FR(r)  = 1 - e 


2 2 
- r / zu 


u^  - 1 - e 


must  be  solved  for  r.  We  have 


(358b) 


(359) 
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r = "V  - 2a2  -tn(l-u^) 

or  since  u^  and  (1-u^)  are  both  uniform  random  variables  between 
zero  and  unity 


r 


In  u^ 


(360) 


is  the  generation  relationship  for  a Rayleigh  random  variable. 
Then  we  can  generate  the  two  complex  Gaussian  components  x and  y 
according  to 


x = M +a  J-2ln  u,  ros2nu 
xx  1 2 


v = (i  +0  J~ 2-tn  u,  sin2nu 

y y 12 


(361a) 

(361b) 


We  note  that  only  two  uniform  random  variables  are  required  so 
that  we  can  have  an  order  of  magnitude  greater  number  of  sanples 
in  any  communication  experiment  when  the  direct  transformation 
method  is  used. 


4.3.3  Correlated  Scintillation  Variables 

Very  often  it  will  be  necessary  to  generate  correlated  scintilla- 
tion variables.  This  can  be  accomplished  by  adding  two  independent 
variables  together  with  the  appropriate  weighting  factor  related 
to  the  desired  correlation.  In  the  case  of  Gaussian  statistics  the 
resultant  sum  is  again  Gaussian.  However,  for  Nakagami  m statistics 
the  resultant  sum  is  no  longer  Nakagami  m distributed!  We  now 
demonstrate  this  latter  fact. 


Let  and  R^  be  jointly  independent  Nakagami  m variables  such 
that  their  joint  puf  is  given  by 

- *fr2  + r2N) 

4m2m(r1r2)2m-1  e 1 2’ 

fR  ,R  (rl,r2)  = 2 2m  *1  * ° 

12  r (m)fi  ^ & o . 
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(362) 


— -r-  sy  W * 


sr-7J  *£?S?3  ’<- £)  '7- 


so  that 


f(R,S)  = 


2mmRe~mR2/n  Z^S2”1'1  (R2-  »S2 ) m' V"1  (1~  0)  tH 


r (m)  Q; 


m 


r (m)  Q 


m 


(369) 

For  the  case  of  small  correlation,  we  make  the  approximation 

2m- 1 (2  2\  2 m- 2 2m-l  . ..  2m+l  2m-4  /•a7n^ 

S ^R  - pS  J ~ R S - (m-1) p S R (370> 


The  integration  in  (365)  can  then  be  performed  to  obtain  the  pdf 


f(R) 


2 2 
_ m 2m-l  -mR  /Q  . , m 2m- 3 -mR  /Q 

2m  R e _ p(m-l)  2m  R e ' 


(l-PJ^Jm)^ 


.m 


(1-P) 


m+ 


(m)  n 


m-1 


(371) 


We  see  that  even  when  p is  small  R is  not  Nakagami  m-distributed. 
When  the  correlation  between  r^  and  r 2 is  almost  zero  then 


fR  (R) 


_ m _2m-l  -mR  /Q 
2m  R e 


(l-mp)T  (m)  n 


m 


(372) 


and  R is  again  Nakagami  m-distributed. 


Since  the  condition  p » 0 is  not  always  met  it  is  recommended 
that  the  Gaussian  scintillation  statistics  be  used. 


4.3.4  Determination  of  Scintillation  Parameters 

From  the  points  of  view  of  generation,  generation  of  correlated 
variables  and  best  data  fit,  it  is  recommended  that  the  scintilla- 
tion statistics  be  considered  complex  Gaussian.  Unfortunately,  this 
assumption  leads  to  a complicated  parameter  determination  when  we 
are  constrained  to  work  with  amplitude  data  alone.  Ws  discuss  three 
methods  of  determining  the  distribution  parameters.  One  method  is 
a parameterization  method  which  results  in  a family  of  pdf's.  This 


method  uses  average  amplitude  squared  and  fourthed  data  and 
requires  the  generation  of  a histogram  of  the  data  followed  by 
a goodness-of-fit  test  with,  each  pdf  in  the  family.  The 
second  method  makes  a Taylor  series  expansion  of  the  complex 
Gaussian  pdf.  Four  moments  of  the  amplitude  data  are  required. 
Using  an  iterative  approach  the  Gaussian  parameters  are  deter- 
mined. 

Both  of  the  above  methods  assume  that  only  amplitude  data 
is  available.  We  present  a third  method  which  assumes  that  the 
complex  signal  is  available.  Then  the  pdf  parameters  are  trivially 
available  by  simple  mean,  variance  and  correlation  measurements 
on  the  quadrature  signal  components.  It  goes  without  saying  that 
the  third  method  is  the  one  recommended. 

4 . 3 . 4 . 1 Parameterization  Method 

The  parameterization  method  is  described  in  detail  in  Rino 

and  Fremouw  [21],  and  is  summarized  here.  If  a is  the  received 

2 4 

signal  amplitude  then  the  statistical  average  <a  ) and  <a  ) are 
determined  from  the  data.  <*>  represents  the  ensemble  average. 

The  scintillation  index  S4  defined  as  the  normalized  standard 
deviation  of  a is  then  determined 


sl  = 


4 


/ 4\  / 2\2 
(a  > - <a  > 


<a2>‘ 


(373) 


2 

The  scattering  cross— section,  a , equal  to  the  fraction  of  the 
incident  power  that  is  randomized  by  the  scattering  medium,  is 
then  determined  as  a function  of  functions  g±  and  g^  We  have 
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a = 


92_291 


if- 


(V  2gl)S4 


“ 1 


(374) 


We  next  compute  a complex  quantity  B 


2 j — arctan  , 

a e 2 L 


B=- 


rfitan  ui  1 f2tan  u?  1 

2 ■ 

1 - tanu^  tanu^sec  G-' 


(l-tan  u^tan  u^sec^^+^tan  u^+  f2tan  u2)2  lj/ 2 


(375) 


where 


tan  u^=  2XzsecP/n  (§3) 

2 

tan  u2=  2Xzsec0/rr§ 


tan2roos2n 

(.sin^cpJ 


fl,2  1 + 

2 2 2 
3 = a cos  0 + sin  \!< 

5 = transverse-scale  size 

ili  * magnetic  dip  angle  at  the  ionosphere  penetration  point 
a = axial  ratio 

P = declination 

co  = azimuth 

X = wavelength 

z = height 


(376) 


Next  we  compute  the  inphase  and  quadrature  component  vari- 


2 2 

ances,  a and  a , and  their  correlation,  C 

x y xy 
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2 

a 

x 


(377) 


= ^ a2  + Re(B)J/2 

a2  = [a2  - Re(B)l/2  ). 

Y L J 

C = Im(B)/2 
xy  J 

We  note  that  all  the  above  parameters  are  still  a function  of 

gl  and  g2‘ 

The  complex  Gaussian  pdf  of  x and  y is  given  by 


f 

x,  y 


(x,y)= 


(x-n  )y/o  a + 
xv  \ x/  xv 

o a -/I  - C2 
x y xy 


(378) 


With  the  amplitude  a defined  as 

/ 2 ' 2 
a = Vx  + y 

and 

x = a cosP 
y = a sin0 

the  pdf  of  a and  0 is 

f(a,p)  = a f (a  cosP,  a sin8) 
x,  y 

and  the  pdf  of  a is 

r 

f,  (a)  = % n a f (a  c°sP/  a sin6)dP 
A 6=0  x,y 


(379a) 

(379b) 

(379c) 

(380) 

(381) 


The  pdf  of  a must  be  determined  point  by  point  for  discrete 
a by  numerical  integration.  A large  number  of  discrete  a will 
be  necessary  since  the  histogram  of  the  data  must  be  fit  to  (381)  « 
It  is  estimated  that  at  least  200  integrations  of  (381)  would  be 
necessary  to  represent  it  smoothly.  Even  if  only  5 combinations 
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of  g^  and  g^  are  taken  to  have  a family  of  5 pdf,  a total  of 
1000  integrations  of  (381)  is  required.  This  must  be  followed 
by  5 goodness  of  fit  tests.  In  all  an  excessive  amount  of 
computation  is  require  l in  order  to  determine  the  complex  Gaus- 
sian parameters. 


We  next  propose  a method  which  is  computationally  easier 
but  which  may  possess  convergence  problems  under  certain  con- 
ditions. 


4.3. 4. 2 Taylor  Estimation 


Using  (378)  the  v ' th  moment  of  the  amplitude  a, (a  / is  given 


by 


<aV{J  u * y > 


2.  v/2 
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(382) 


The  moment  may  then  be  expanded  in  a Taylor  series  about  some 

2 2 

arbitrary  values  M ,o  ,0  and  C . We  have 

xo  xo  yo  xyo 
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(333) 


2 2 

where  subscript  o indicates  evaluation  at  M , o ,0  and  C 

xo  xo  yo  xyo 

and  the  delta  quantities  equal 
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The  philosophy  behind  the.  Taylor  expansion  method  is  to 

describe  four  moments  of  the  amplitude  and  solve  for  the  actual 

2 2 

four  Gaussian  parameters  b ,a  ,a  and  C . Writing  the  four 

x x y xy 

equations  in  matrix  form  we  have 

A - A + F A (38 

— — o — o—  v 

where  the  measured  four  moments  of  the  amplitude  data, A,  is 
- v -i 
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the  theoretical  moments  evaluated  at  p , o and  C , A_,  is 
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(389) 


Theoretically,  the  Gaussian  parameter  set,  a,  is  found  by  solving 


a = F “1(A  - A ) + a (390) 

— — o — — o ~o 

We  comment  on  this  direct  solution.  First  and  foremost  with 

respect  to  accuracy  the  solution  a will  only  be  close  to  the 

true  set  if  is  close  to  the  true  set.  A priori  we  do  not 

know  a good  set  aQ  to  choose.  Thus,  a will  be  a poor  estimate 

in  general.  (Below  we  describe  a method  of  choosing  a .)  To 

— o 

circumvent  this  problem  an  iterative  method  should  be  employed. 

First  a is  chosen  in  some  way.  Ther.  a,  = a is  determined  from 
— o —1  _ 

(496) . This  set  of  parameters  will  be  inaccurate  but  closer  to 
the  true  set  than  a . Next,  is  used  as  the  new  expansion 
point  and  a better  approximation  & is  found.  This  continues 
until  the  difference  between  the  new  and  previous  parameter  set 
is  minimal.  Mathematically,  the  iteration  procedure  is  described 
by 


~i+l 


F. 


-1 


. A 

(A 


A.)  + a.  . 

— i _i 


(391) 
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Convergence  of  (39.1)  to  the  true  set  will  be  rapid  when  the 
ratio  of  the  largest  to  smallest  eigenvalue  of  E\  is  small. 

The  second  comment  on  the  Taylor  expansion  method  pertains 
to  the  evaluation  of  the  F matrix.  Just  as  in  the  parameteriza- 
tion method,  numerical  integration  is  required.  Here  we  have 
16  double  integrals  to  evaluate  on  each  iteration.  Thirty 
iterations  would  require  the  same  computational  requirements 
as  the  5 family  parameterization  method  (1000  integrations) . 

We  circumvent  this  drawback  by  explicitly  evaluating  the  moments 
using  the  moment  generating  function. 

Given  a pdf  f (x)  the  moment  generating  function, $ O) , is 

i 3x 

defined  as  the  expected  value  of  e . Then  the  moments  of  x, 
mn»  are  given  by 


dnHP)i 

dp" 


.n 

= j m 


n 


P=0 


We  now  determine  the  moments 
directly. 


(392) 


required  for  solving  (391) 


v. 

4 . 3 . 4 . 2 . 1 Determination  of  (a  ) 

Let  us  define  the  vectors  Y,  A and  K where 
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(393a) 

(393b) 
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Components  x and  y are  jointly  correlated  Gaussian  components 

with  correlation  C , means  M and  0,  respectively,  and  vari- 
2 2 X 

ances  a and  a , respectively.  K is  the  covariance  matrix, 
x y 

The  squared  amplitude  of  these  quadrature  components  is  given  by 

T (3  94) 

Q = Y Y . 

The  moment  generating  function  of  Q is  [28] 


where 


and 
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(395) 


(396) 


It  is  readily  found  by  substitution  that 

f = /a  (1-C  ) 

— xx  xy 


(397) 
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Equations  (401) to  (405) specify  the  required  A^  matrix  in 

(391)*  The  F.  matrix  requires  the  derivatives  of  the  m.  with 

1 2 3 
respect  to  the  parameters  Mx,a  , and  C . These  in  turn  are 


functions 

of  the 

derivatives 

of  the  D^. 

Defining 

{£l  • = 

Ij 

i* 

: = — -t 

da . 
J 
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(406) 

we  have 
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Finally,  the  derivatives  of  the  moment  are  given  by 

£ - (4 ♦ "2 


(408) 


dm, 

da 


j - (4  + D2>2+[2D4D1(D2  + 3D2  + 3/4)  + 

D4(2D2  + 3)D2  + ofoi-1)*  2D3  °2 J 6 


D + D 

Dl  q 1 2 


(409) 


* D?  is  not  to  be  confused  with  raised  to  the  j ' th  power. 

When  is  to  be  raised  to  be  a power  the  power  will  be  explicitly 
written  as  a number  not  a variable. 
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(411) 


Equations  (407)  t.o  (431)  specify  the  F.  matrix  so  that  (393)  can 

now  be  easily  solved  using  any  standard  matrix  inversion  sub- 
routine. 

4. 3. 4. 2. 2 Interpretation  of  m 

The  m,  are  the  moments  of  the  smiared  amni  i t-tiria  4-V.-.4- 

J wnau  *.u 

data  must  be  used  to  measure 
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For  ease  of  measurement  we  may  assume  that  the  distribution  of 

/ 2, 

a is  close  to  a Nakugami  m-distribution  then  by  measuring  (a  ) 
4 

and  <a  > we  have 
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/ 2s2 
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/ 4\  / 2\2 
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(414) 


Then  since 

<a2n>  = (0/m)n(m+n~l)  (m+n-2)...m  n=l,2...  (415) 

for  the  m-distribution  we  have 
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4. 3. 4. 2. 3 Starting  Point  aQ 

V/e  arbitrarily  determine  a starting  point  aQ.  We  assume 
that  the  scintillation  statistics  are  close  to  a Rayleigh  dis- 
tribution of  the  form 
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Then  the  mean  of  (a  ) is  simply  equal  to  2o  and  we  have  as 
a 

— o 
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— o 
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(418) 


4 . 3 . 4 . 3 Complex  Signal  Method 

This  method  assumes  that  the  complex  signal  x+jy  is  available. 
Then  the  phase  of  the  signal  is  chosen  so  that  (y)  = 0.  The  data 
is  used  to  determine 
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The  complex  Gaussian  distribution  is  thus  trivially  determined. 


4.3.5  Summary 

In  summary,  we  have  seen  that  the  complex  Gaussian  distribu- 
tion is  easiest  to  generate;  the  direct  transformation  method 
being  preferred.  If  the  scintillation  data  is  available  in  com- 
plex form  then  the  parameters  of  the  complex  Gaussian  distribution 
are  easily  found.  If  only  amplitude  data  is  available,  the  param- 
eter estimation  problem  is  much  more  difficult.  It  may  be  solved 
most  easily  by  using  the  Taylor  expansion  method  by  using  Equa- 
tions (391),  (401)  to  (405),  (407)  to  (411)  and  (412). 
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SECTION  5 


SUMMARY,  CONCLUSIONS,  AND  RECOMMENDATIONS 

Sections  2 through  4 of  this  report  have  investigated  three 
specific  uses  of  the  CSEL  facility.  Section  2 described  the  use 
of  CSEL  in  LEE  8/9  simulation,  with  analyses  of  limiter  performance, 
Doppler  simulation,  repeater  jamming,  and  a systematic  means  of 
simulation  validation.  Section  3 described  the  use  of  CSEL  in 
NAVSTAR  GPS  simulation,  discussing  the  GPS  system  configuration, 
sources  of  errors,  analytic  models,  and  interfacing  with  CSEL. 

Section  4 describes  the  properties  of  satellite  signals  and  means 
of  generating  signals  with  specified  amplitude  and  phase  statistics. 

We  have  shown  that,  depending  on  the  J/S  ratio,  either  a soft 
or  a hard  limiter  can  minimize  signal  suppression.  When  J/S  > 1, 
the  soft  limiter  is  optimum,  but  its  threshold  is  a function  of  the 
J/S  ratio.  We  have  shown  that  for  an  FH  system,  repeater  jamming 
is  in  general  more  efficient  than  either  random  noise  or  multitone 
jamming.  For  the  LES  8/9  system,  in  particular,  we  have  outlined  a 
series  of  start-up  simulation  tests,  for  validating  the  PSP  model, 
testing  the  downlink  simulation,  and  simulating  the  uplink  jamming. 

Our  GPS  studies  recommend  means  of  simulating  delays  by  adjust- 
ing the  Doppler  shift.  A closed  loop  method  is  suggested  for  cor- 
recting Doppler  errors.  Means  are  proposed  for  implementing  vari- 
able multipath  delay,  one  by  use  of  switched  delay  lines,  and  the 
other  by  means  of  a gain-controlled  tapped  delay  line.  The  study 
shows  that  proper  antenna  simulation  is  a complex  matter,  and  sug- 
gests considering  the  use  of  an  omnidirectional  antenna  pattern  in 
the  CSEL  simulation.  Finally,  an  alternative  simulation  configuration 
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is  discussed,  which  uses  half  as  many  satellite  signal  generators  as 
does  the  full  configuration,  but  requires  a computer-controlled  de- 
lay line. 

Effects  of  scintillation  and  atmospheric  attenuation  on 
the  satellite  signal  were  examined,  The  present  state  of  know- 
ledge on  scintillation  indicates  that  if  only  the  envelope  of  the 
scintillation  is  of  interest,  it  can  be  approximated  by  a Nakagami 
m-distribution.  However,  if  both  envelope  and  phase  are  of  import- 
ance, the  complex  Gaussian  model  of  R?no  and  Fremouw  appears  to 
be  the  most  appropriate  model  available  at  the  present  time.  De- 
tailed methods  of  simulating  both  of  these  distributions  on  a 
digital  computer  are  given. 

The  DOD  laboratories  encompass  many  facilities.  To  the  best 
of  our  knowledge,  CSEL  is  unique  among  them,  being  the  only  labora- 
tory which  allows  real-time  hybrid  simulation  of  complete  avionics 
communication  systems.  In  order  to  maintain  CSEL  as  a resource  for 
communication  system  testing,  additional  equipment  should  be  pro- 
cured which  will  permit  the  simulation  of  new  systems  as  they  are 
considered.  In  this  context  we  have,  in  the  present  study,  defined 
some  of  the  hardware  and  software  requirements  for  the  GPS  system, 
which  will  be  of  importance  in  the  near  future.  Multiple  access 
systems  will  also  be  developed  in  the  near  future.  Among  the  modes 
of  operation  which  are  possible,  are  FDMA,  TDMA,  and  hybrid  FDMA/ 
TDMA.  CSEL,  as  presently  configured,  will  not  simulate  these 
systems.  Additional  equipment  should  be  procured  wh?cn  will  per- 
mit their  simulation.  The  procurement  should  be  preceded  by  a 
system  definition  phase,  in  which  both  the  hardware  and  the  soft- 
ware of  the  system  to  be  fabricated  are  defined. 
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APPENDIX  A 

DIFFERENTIAL  DOPPLER  SHIFT  DUE  TO  THE  IONOSPHERE 

It  is  well  known  that  the  ionosphere  introduces  an  addi- 
tional delay  of  signals  transmitted  from  a satellite  to  the 
ground.  This  is  also  accompanied  by  a differential  Doppler 
shift,  which  is  often  ignored.  In  this  memo  we  compute  this  Dop- 
pler shift  and  discuss  the  conditions  under  which  it  can  be 
ignored. 

Figure  A-l  shows  the  geometry  of  the  problem.  R is  the 
radius  of  the  earth  and  Rg  the  distance  from  the  satellite  to  the 
center  of  the  earth.  The  Doppler  shift  is  dependent  on  the  re- 
ceiver angle  eQ  - between  the  actual  path  and  the  straight 

line  between  receiver  and  transmitter.  To  determine  this  angle 
we  use  Snell1  slaw  for  a spherically  layered  medium. 


K1  ~ no  Ro  sin  ftl  * n<R)  R sin  e(R), 


(A-l) 


where  nQ  is  the  refractive  index  at  the  surface  of  the  earth, and 
n(R),  fl(R)  is  the  refractive  index  and  senith  angle  on  the 
signal  path,  at  the  distance  R from  the  center  of  the  earth  (we 
assume  a spherical  earth) , 

If  the  refractive  index  is  constant  (say  1 ) the  signal  will, 
follow  the  straight  line,  and  we  will  have  the  equation 


Ko  “ R0  sii1  0O  = R sin  e (R) . 


On  a small  section  of  the  path,  we  have  (see  Fig,  A-l) 


(A-  2) 


R da  = tan  f)  dR 


where  0 is  again  the  angle  the  path  makes  with  seni.th.  Using  this 
on  both  the  actual  and  the  geometric  path,  we  find  using  Eqs.  (A~!) 
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Figure  A-l. 


Path  Geometry  for  Ionospheric  Doppler 
Shift  Calculation. 


and  (A- 2) , 
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This  aquation  determines  implicitly  = nQR0  sin  0^.  Since 
n(R)~  1 everywhere,  we  can  write 


n = 1 - vq  ' I vQ  j « 1 

K.  = K (1-6) , 

1 o 


(A-5) 


(A- 6) 


defining  vq  and  6- 


Introducing  Eqs.  (A-5)  and  (A-6)  in  Eq.  (A-4)  we  get  to  the  first 


order  in  v , 
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The  coefficient  to  6 above  is 
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If  the  ionospheric  layer  is  thin,  the  right  hand  side  of  Bcr.  (A-7) 
can  be  approximated  by 


i R-:  n-3/2  o 's 
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v —‘P-  x TEC, 


where  the  usual  formula  for  the  refractive  index  it  the  ionosphere 

has  been  used  (neglecting  the  magnetic  field  and  electron  collisions), 

TEC  is  the  total  electron  content  and  R.  is  the  location  cf  the 

r 

layer.  More  exact  expressions  can  be  found  using  an  empirical 
model  for  the  electron  density  in  Eq.  (A~7) , and  the  expression 

v (R)  = ~ ■ 80.7  K(E)  (A-10) 

° f2 

frlXSA  units)  . 

We  now  determine  the  difference  in  phase  length  along  the 
actual  path  (s^Jand  along  the  geometric  path  (s^)  in  Fig.  A-l. 
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The  phase  difference  is 
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We  wish  to  determine  the  angular  frequency.  To  simplify  the 

problem,  assume  that  the  satellite  path  is  circular  (5.e.,R^  - 0) 

s 

and  passing  directly  over  the  receiver.  Then  the  angular  fre- 
quency is 
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is  determined  by  differentiating  Eq.(A-4), 
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where 


X R CGS^ 
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(A- 16) 


(same  approximation  as  in  Eq.  { A- 8) ) . Using  this  in  Eg.  (a- 14) , we 
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(A- 17) 


This  is  exact  with  the  assumptions  made  above  (circular  orbit, etc.) 


A first  order  approximation  to  K.,-K.  is  given  by  2qs.  (A-6)  - 
(A- 9) , giving  (valid  for  cos  pr  3-n) 
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(A- 18) 

ag  in  Eq. (17)  is  determined  by  the  satellite  and  receiver  motions. 

We  have,  using  velocities  in  the  orbit  plane  only, 
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This  frequency  shift  (AL/2rr)  is  much  smaller  than  one  Hertz.  Table 
1 shows  the  Doppler  shift  for  a 12  hour  circular  orbit,  using 

1 *7  J 

TEC  = 2 * 10  et/»  , R.  “ R + 300  km.  The  shift  is  smaller  than 

i o 

the  accuracy  required  (~  0.3  Hz). 


APPENDIX  B 


A BOUND  ON  RECEIVER  ACCURACY 


The  accuracy  of  the  delay  measurement  can  be  bounded  by 
evaluating  the  Cramer-Rao  bound.  If  we  ignore  the  Doppler 
measurement,  the  bound  gives  a lower  bound  on  the  rms  error  in 
an  unbiased  estimate  of  delay  t. 


(6t)2^ 


9 2E 
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where  E^  is  the  signal  energy,  N^  the  (two-sided)  spectral 
density  of  the  noise,  and  B^  is  the  signal  rms  bandwidth. 
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We  consider  the  case  cf  a rectangular  signal  filtered  ideally  out- 
side the  first  null  in  the  spectrum, 
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We  find  that 
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If  we  assume  a noise  temperature  of  300°K,  a transmitted  signal 
power  of  450W,  a distance  of  12,000  km,  we  can  determine  the 
ranging  error  as  a function  of  antenna  and  processing  gains. 
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